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INTRODUCTION 


It is probably most useful to think of this handbook as a neference rather than a 
text. The material consists of what can be considered groups of "articles" (marked 
as chapters) on vartous subjects. The technical Level, necessary background, format, 
and degree of coverage of the subject matter varies greatly: 


The technical Level varies because, as Einstein said: "Things should be made as 
Sample as possrcbke, but not srmpler."” 


The necessary background required varies because it is necessary to start somewhere. 
Since the background of readers of this book will vary greatly, it 4s reasonable to start 
at the most convenient place. This means that some readers will not have the necessary 
background for some chapters, but will for Later chapters. At tune reference can be 
made to different chapters in the book, but since the book was not prepared from the 
first page on, but rather as matertal developed, exact references are sometimes not 
possible and the phrase "the chapter on ...." frequently had to be used. 


The format varies because chapters were prepared at different times and with df fer- 
ent degrees of care to the diagrams. In places, material has been used directly from 
ELECTRONOTES. 


The degree of coverage varies not necessarily with respect to what I consider the 
degree of importance, but rather with respect to what I felt was well established and 
useful. Some chapters on important subjects are short because the material 15 avarckable 
in a better form elsewhere, or we couldn't say exact things about the subject and give 
practical cinceuits at the time of wrtting. The handbook is intended for proven, useful 
Anformation. Developing designs and information appear tn ELECTRONOTES. 


ALL of the above can be thought of as an excuse for shoddy organization, 44 you wish. 
None the Less, many readers may want to take "the grand tour" and will find the convention- 
al fnont-to-back neading style to be appropriate. It is suggested that everyone skim the 
entine book at Least once as some stems may be found in unexpected places. 


The chapters are arganized into sections. Sections 1 and 2 are basics wrth Section | 
being more general while section 2 gets down to mone spectfic synthesis techniques and 
methods. Section 3 deals with electronic components and thetr basic electronic musrc 
applications while section 4 treats some special cincutt designs that are extremely useful 
fon electronic music but which are still useful in other fields of electronics. Sections 
5, 6, and 7 deal extensively with the design of electronic music equipment. Section 5 


deals wrth the "conventional modules" while Section 6 deals with the Less common devices. 
Section 7 deaks urth control devices. In these sections, we have purposly avoided a 
"cookbook" on "cineuits sourcebook" approach. Instead we have tried to show how designs 
ane motivated, giving the designs in bits and pieces. The actual design examples are 
considered to be reliable designs and do iLeustrate many of the points of the chapters. 
Note however that they are not to be considered the Last word in the designs. In many 
cases we have «ndicated in the chapter how improvements can be made (e.g., high 4requency 
tracking of VCO'S, Linearization of VCA'S by predistontion) but do not include these in 
the design examples. The individual designer may want to include these, but they may be 
unnecessary Aefsrnements. in many cases. Other examples appear in ELECTRONOTES. Bear in 
mend atso that improved designs will Likely appear in ELECTRONOTES f20m time to time. 
Thus, these chapters of the handbook will serve to show the principal considerations of 
current desrgns and to free future articles in ELECTRONOTES {10m additional repetition of 
basic Adeas. 


Section & 4s the "Operational" section and treats actual system design, construction, 
and troubleshooting. The emphasis here is on the "quick and dirty," - getting things done. 
Those readers whose work generally demands more refinement should have no problem working 
with "neater" techniques. 


Section 9 4s the reference section. Note that this includes a bibkLiognaphy for ake 
the other chapters and inckudes useful references that are not specifically referenced 
An the text material. Also Listed are references from ELECTRONOTES that were not trans- 
ferred to the handbook for reasons of Space. The neader should be aware of these 
articles. 


The handbook 4s intended to serve as both an equipment reference and a theoretical 
neference. Mustccal engineers urll often be called upon to handle theoretical problems 
as wekk as circutt problems. For this neason, many mathematical and other models have 
been included. 


As this ts a first edition, there will Likely be numerous errors, and we will 
apprecrate your bringing them to our attention and making suggestions about how the book 
could be Amproved. 


Bernte Hutchins 
Ithaca, NY 
July 1975 


CONVENTIONS USED IN THE BOOK: 


For the most part, a general part type number is used instead of an exact manufacturer's 
type number (e.g., 741 instead of MC1741 or wA741, etc.). Wires which cross on a schematic 
are in general shown with a loop. A 4-way junction is usually accented with a dot: 


NO CONNECTION CONNECTION CONNECT ION CONNECTION 


Standard +15 volt and -15 volt supplies, along with a +5 volt TTL supply are generally 
used. These will be denoted as follows. 


+15 f -15 | +5 ‘3 Common Ground - 


In many cases, (CMOS, CDA's), the exact voltage can vary greatly from +3 to +18 or so. In 
such cases, we will use the +15 volt symbol, as this will generally be available. When the 
+5 volt symbol is used, the voltage must be from a +5 supply. 


CHAPTER LA 


ELECTRONIC MUSIC SYSTEMS 
AND THEIR CHARACTERIZATION 





CONTENTS: 
Introduction 
Example Electronic Music Systems 


Musique Concréte 

Voltage-Controlled Systems 

Computer Point-by-Point Synthesis 

Computer Control of Analog 
Synthesizers 

A Tape Delay Feedback System 


The Characterization of the Elements 
of Electronic Music Systems 


INTRODUCTION 


Most electronic music systems can be put into a very basic form Consisting of three 
elements: Excitation sources, Processors, and Control devices. 


The interconnection is 
of the form shown below: 


Processors 
| Controllers 


Typical excitation sources are oscillators of many forms, noise sources, and partially 
processed (e.g. recorded) sounds. Typical processors are filters, modulators, and 


controlled gain amplifiers. Typical controllers are keyboards, sequencers, translation 
devices (e.g., pitch to voltage converters), and computers. 






Excitation 
Sources 
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EXAMPLE ELECTRONIC MUSIC SYSTEMS 


MUSIQUE CONCRETE: 


Musique Concréte involves manipulation of live sounds into a musical composition. 
The manipulation always involves a tape recorder to record the sounds and/or to process 
them. Musique concréte is the earliest form of electronic music, and one which is still 
used today by some serious composers along with newer methods, and as a teaching vehicle. 
We can fill in the blocks of the electronic music system as follows for musique concréte: 


SOURCES : PROCESSORS 


Pre-Recorded Sounds Filters, Modulators 
Tape Manipulation, etc. 
Tape Recorder 
Tape Manipulation, etc. 


With the tape recorder, a live sound may be passed through a filter to change it and this can 
be recorded. The recorded sound can be further processed if desired. The tape can be chopped 
up and spliced in different ways. The tape speed and direction can be changed. Tape loops, 
delay lines, and any number of other techniques can be used. 





VOLTAGE~CONTROLLED ELECTRONIC MUSIC SYNTHESIZERS: 

The voltage-controlled electronic music synthesizer is probably the best known of all 
electronic music systems. These were developed by Robert Moog, Donald Buchla, and others 
in the late 1960's. The block diagram for a typical synthesizer is shown below: 


SOURCE PROCESSORS 


Ranging and : 
Keyboard 


An important feature for the voltage-controlled synthesizer is that all the control lines 
from the controller (which is usually a keyboard) to the synthesizer modules are control 
voltages. The modules respond to these voltages to control pitch, amplitude, and tone 
color. The basic information from the keyboard (which key is down and when) can be 
expanded by setting circuits to respond to timing signals to give an overall set of control 
voltages that would be either too complex or too fast to obtain with manual control alone. 
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The keyboard controls the basic pitch level of the system as each note on the keyboard 
is pushed. In addition, timing signals from the keyboard produce envelopes. These 
envelopes are voltage contours which change through a full cycle each time a note appears. 
For example, one envelope will control the amplitude, defining a beginning and end to a 
tone. The voltage-controlled oscillator (VCO) produces a waveform rich in harmonics. The 
pitch of the VCO is controlled from a voltage that is proportional to the position of a key 
on the keyboard. The tone color is determined by the voltage-controlled filter (VCF) which 
usually has two control voltages: the keyboard voltage for pitch level, and an envelope to 
change the tone color as the note progresses. The VCF alters tone color by changing the 
harmonic content of the waveform from the VCO. Finally, a voltage-controlled amplifier 
controls the amplitude of the output signal. This amplitude is generally independent of 
pitch level and thus only an envelope is applied to control it. Various modulating signals 
may be inserted in different points to enrich the tone by adding additional harmonic and/or 
non-harmonic components. 


COMPUTER POINT-BY-POINT SOUND SYNTHESIS: 
Any sound waveform can be represented by the variation of its amplitude as time 
progresses. Sampling theory tells us that if the sound has frequency components up to 
a maximum value of fax, then we can represent the sound by samples taken at a rate of 
2fmax and no information will be lost. For audio waveforms which may have frequency 
components up to 15,000 Hz, a sampling rate of 30,000 Hz is enough. Thus, we can envision 
a digital computer that has been programmed to produce any desired sound. It first 
generates one number, then goes back to find what the next number should be and updates the 
output, and so on, 30,000 times per second. However, for all but the simplest waveforms, 
this calculation can not be done fast enough for the computer to operate in real time. 
Thus, the digital data must be stored during generation and played back later in real time 
once the computer has finished. A black diagram of such a system is shown below: 


SOURCE PROCESSORS 






Computer Hardware Digital/Analog Converter 


-_ Computer Software 


Computer Software 


Human Interface 


It is probably evident that the computer software (i.e., the way the computer is programmed 
and the way the user makes it do what he wants) is the key to the system. It would be 
nearly unworkable were it not for the fact that certain routines can be programmed in 

for repeated use. For example, it would be much easier to represent a sine wave of 
rising amplitude by its frequency, starting amplitude and time, and rate of change 

(four numbers) rather than to write a computer program to do this each time it is needed. 

A number of useful computer programs have been developed which give the user control over 
the major options with a minimum knowledge of computer programming. 


Not in Real Time 
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A number of serious drawbacks remain with computer point-by-point methods: (1) The 
cost of time on a computer large enough to do the job can be prohibitive. (2) While 
some very specific sounds can be generated and often are by persons doing scientific type 
investigations, the library of sounds available to the composer is restricted unless he 
learns a good deal about computer programming. (3) The system works out of real time 
so there is a delay between the time the composer tries something and the time he finds 
out how it actually comes out. (4) While the system is based on sound princlples of 
information theory as far as the mathematics goes, the ear does not need anywhere near 
the amount of information that is used. It is as though the bank sent you a statement 
every half hour. 


COMPUTER CONTROL OF ANALOG SYNTHESIZERS: 


EE 


A computer can be used to supply a set of slowly varying analog control voltages 


rather than every point of the waveform to be generated. Even a very small computer may 
have the ability to keep up with this. The block diagram of such a system is shown below: 
SOURCE PROCESSORS 













VCF's VCA's 
CONTROL 


Envelope D/A converters 


Computer Hardware and Software 
Human Interface 


In this way, the computer serves as a multiple envelope generator where we have used the 
term envelope to refer also to voltages with discrete level changes such as are required 
for many types of pitch control. The human interface can be a standard musical keyboard, 
or a number of other controllers. The computer can operate in real time in response to 
timing commands from the human interface. Also, it is relatively simple to just have 

a record of the pitches and timing stored in the computer. Then the whole musical passage 
can be obtained at the push of a button. The computer can be thought of as a modular 
system where certain of the modules can be created as needed and in the numbers needed for 
a specific application. Since these are only software modules, they can be changed by 
just changing the computer program. 






srr meen | Ene | AP SERRE ESE 


The block diagram of this system is shown below as an example of a non-standard 
system that can be rigged up for a specific application: 


SOURCE PROCESSING 


Tape Delay 


Frequency Shifter 


Up Down 
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The tape delay line is formed from a tape recorder that has a record head and a playback 
head as well as the erase head. There is a delay as the tape passes between the record 
head and the playback. The signal from the playback head is fed to a frequency shifter . 
(see chapter 6a) which is a means of changing the frequency of each component of an input 
spectrum by the same number of Hz. Control is obtained by forming a mixture of the 
original unshifted signal, the upshifted signal, and the downshifted signal, and feeding 
this back to the tape recorder input. This signal later emerges and is again processed by 
the frequency shifter and so on. Additional control can be obtained by injecting any 
desired sound into the tape recorder input through the mixer, and by controlling the 
shifting frequency. 


This is the type of system that can be controlled without a lot of ability in the 
techniques of traditional music. For much of the time, the system does its own thing, 
but it is not random, produces many interesting sounds, and with practice it can be 
controlled quite well. Many unexpected sounds can be edited into other compositions. 


THE CHARACTERIZATION OF THE ELEMENTS OF ELECTRONIC MUSIC SYSTEMS 


EXCITATION SOURCES: 


Excitation sources are usually characterized by their spectral content. For example, 
a sine wave output of an oscillator has a single spectral component, its frequency. A 
sawtooth output has all the harmonic overtones of the fundamental frequency in its spectrum. 
A noise source will have a continuous spectrum in general - all frequencies. It may also 
be possible to characterize the spectral evolution of the source as time progresses (if 
any). Such a progression may be found if the source has already undergone some processing, 
or if some processing is done on the source (e.g, dynamic depth FM resulting in a spectrum 
in which the amplitude of the components is changing). 


PROCESSORS : 


Processors are characterized by the parameter which they control. A filter is thus 
characterized by the way it alters the properties of the spectral components at its input. 
A low-pass filter passes the lower components and rejects the higher ones. Thus, there 
is a characteristic frequency of the filter (the transition region) that is of interest. 

A modulator is characterized by the property of the input that is changed. A VCA thus 

can produce amplitude modulation since a VCA controls amplitude. A pulse-width modulator 
changes the width of the pulse train at the output. Properties that would be of interest 
for a PWM system would be initial width, final width, rate of change, and directions of 
change in time. 


CONTROLLERS : 


Controllers are characterized by the human interface and the use of the controller 
output. A keyboard is manually controlled since it is the action of the players fingers 
that determine the output. If the output is a voltage, it can be used to control the 
pitch of a VCO or any other voltage-controllable parameter in the system. Other 
controllers are programmable - they are set up and activated. They do not depend on 
manual control except for activation. Such controllers are sequencers and computers. 

A third type of controller is the translation device. This device takes one sort of 
input which is under the control of the user and translates it into a control means that 
the system will understand. A pitch-to-voltage converter is such a device since it 
could be used to recover frequency information from the user's favorite instrument (e.g., 
a violin) and use this to control a VCO. By use of such devices, the musician can use 
his own familiar instrument and expect that the subtle nuances he is able to achieve with 
it will be transferred in some form to the electrical device. 
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CHAPTER 1B 


WAVEFORMS, ENVELOPES, MODULES, AND CONTROL 


CONTENTS: 
Introduction 
Waveforms 
Envelopes 
Modules 


Control 


INTRODUCTION 


The more or less standard "voltage-controlled electronic music synthesizer" which 
is known in many circles as just the "synthesizer" has been responsible for a large 
portion of the current interest in electronic music. Admittedly, much of the 
commercial success of the synthesizer has been "gimmicky", but this does not alter the 
fact that the synthesizer has also proven an extremely viable system for producing 
several types of music. Furthermore, understanding of the operation of voltage- 
controlled synthesizers will lead naturally to the understanding of other electronic 
music systems. 


In this chapter, we first discuss the basic ideas of waveforms, and this is a 
feature that must be considered in all systems. Then, moving toward the synthesizer, 
we discuss the idea of an envelope. Next, we discuss the various types of modules 
that are most common, and finally we give a brief outline of the major means of control. 
The reader will find discussions of design details for the various modules in chapters 
Sa through 5j. Synthesis methods are discussed in chapters 2a, 2b, 2c, and 2d. 
Additional information on controllers can be found in chapter 2d and chapters 7a 
through 7c. 
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WAVEFORMS 


All electrical signals in electronic circuits have some sort of waveform. 
Direct current (DC) is the simplest, white noise is the most complex, in fact, it 
defies analysis directly. Probably the most interesting waveforms are the periodic, 
repeating waveforms. 

To observe a waveform, we measure an instantaneous value of the voltage, and as 
time goes by, we make some sort of recording of these values and study this record. 
It should be made clear that when the record takes the form of a visual representa 
tion, e.g., is drawn on paper or displayed on the face of an oscilloscope, the physi- 
cal quantity that is the "reference quantity" is time, not space. Time has been re- 
presented by space in such a case. So what? Well, time is an entirely different 
sort of quantity than space, and while some voltage waveforms actually represent 
space anyway, in music, we ultimately get down to the movement of the eardrum in time, 
and confusing the actual dimension involved will sometimes confuse what we are trying 
to do. A voltage varies in time, but we cannot "see" time, so that is why we make do 
with a space dimension, usually horizontally, left-to-right, to represent time, past- 
to-future. Keeping this "record" of instantaneous voltage is important in the follow- 
ing sense: If we measure the voltage only once, e.g., 3.2 volts at 5:00 PM, this 
tells us almost nothing about the waveform of which this "sample point" may be part. 


To determine the waveform, we need many measurements in time. Of course, at audio fre 
quencies, these measurements must be made very rapidly, therefore automatically, as on an 
oscilloscope, which also displays the record. If you have ever watched the spot on an 
oscilloscope screen scan slowly across the face while moving up and down more rapidly, you 
can easily see how the left-to-right motion represents time. The same is true even when 
the spot moves too fast for your eye to see as anything but a continuous line. 


Direct current (DC) voltages cause electronic current of flow in only one direct- 
ion. For something like a power supply, with hopefully a constant voltage, there is 
no variation in time, and thus nothing that the ear could hear (the eardrum must move 
in time) were this voltage converted to a sound wave. Alternating current (AC) volt- 
ages cause current to change direction from plus to minus and back rapidly, and since 
these can become audio sounds, it is mainly AC that we are interested in. Often volt- 
age waveforms have both AC and DC "components": 


White noise is a waveform that appears randomly. One 
cannot predict when or whereor how much voltage will 
appear. However, even though all previous records of 
a white noise waveform will not help in the prediction 
of the future waveform, the sound does have a 
characteristic sound, sometimes referred to as "static". WHITE NOISE 





Periodic waveforms are formed when a pattern is found in the record of the volt- 
age. For example, a "square-wave" is actually reversing DC, and would at first appear 
as DC to an observer, but after a few cycles, the pattern is clear. On the other 
hand, the observer would immediately determine that a "sawtooth" waveform was not DC 
(because it is always changing), but still we must observe the whole cycle to deter- 
mine if it is a sawtooth or perhaps part of a "triangular-wave". 
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SQUARE SAWTOOTH TRIANGLE SINE 


A "sine-wave'" is the most basic periodic waveform, but certainly not the easiest 
to understand. Actually, it comes from trigonometry, where you may recall a triangle 
has the following properties: 


Where A is an angle, and the notation "Sin 
A'' represents the "sine of A", etc. In 
essence, what we are saying is that if we 
L put one end of a fishing pole of length L on 
the ground and aim it up at an angle A, the 
» ie length of string to reach from the other end 
to the ground can be represented as L times 
the sine of A. 


Now suppose we make the angle A depend "linearly" on time. In math this is to 
say that A is a "function of" time. For example, a rod rotating at a constant rotat— 
ional speed might be aimed at A=45° at one second, 90° at two seconds, 135° at 3 


seconds, etc. 
‘ : 45° a el 


1 sec. 2 sec. 3 sec. 


Likewise, consider a baton twirler with a star on one end of the baton. As 
indicated below, observer (1) sees the star move in a circle, while observer (2) sees 
the star move up and down, and has no idea that the star is actually moving in a 
circle. 


: aa : Twirler —— 
>> 
Observer 
one 
sees circle Ce 


Now consider what the crowd (or a person walking beside the twirler) will see as 
the twirler moves down the street. We put a smoke marker on the star, so that the 
star leaves its own record. The result is a sine wave. Note that this is a left-to- 
right representation of time as discussed above. 


ahaa yee two 
sees 





Leaving the twirler and going back to math, we can see why the smoke trail came 
out as a sine wave. The twirler spins the baton as a linear function of time: 
A= ot. [The Greek letter omega (w) represents a constant speed of rotation that 
is measured in radians per second. One radian is 360°/2n or about 57°] The radian 
notation is the most natural mathematically, but the ordinary frequency in Hertz or 
the older name "cycles-per-second" is more familar. The relationship is w = 2nf 
where m7 is the familiar constant 3.14159.... Thus we can write A = 2nft, and since 

the twirler is seen side on, we see the sine, and therefore the waveform seen is 

L 8in 2nft. Electrical voltages with this time dependence are sine waves. 


Let's clean up the nomenclature a little. A periodic waveform can start at any 
one of its points, and proceed in time. Once back to its starting point (which will 
be at the starting voltage, although it may have passed through this voltage several 
times), we say it has completed one cycle. The time to do this is called the "period" 
The number of cycles completed in one second is called the "frequency", and you can 
consider this to be related to musical pitch. Frequencies are measured in "cycles- 
per-second", but someone has (gasp!) seen fit to recently change this clear and mean- 
ingful notation (c.p.s.) to "Hertz" abbreviated Hz. When we say one cycle, it is the 
Singular of Hertz that we have in mind (whatever that is). Thus, one Hz is one Cipess 
etc. One thousand Hz is (or are?) refered to as one kilohertz (Khz). The human ear 
can hear sounds with frequencies corresponding to audio Signals in the range from 
about 15 Hz to 20KHz. Frequencies below and above these (sub-sonic, and ultra-sonic). 
are useful for control signals and for modulation effects. ’ 


ENVELOPES 


An envelope is a voltage waveform that varies in time, usually much slower than 
regular audio signals. These waveforms often repeat, but only at irregular intervals, 
often with different periods. For example, there could be an envelope appearing for 
each musical note in a composition. The magnitude of the voltage at any point of the 
envelope waveform controls or monitors a parameter of the sound. The most common 
example is the amplitude envelope as applied to a Voltage Controlled Amplifier (VCA) 
to give attack, sustain, and decay, but the reverse process of recovering the envelope 
from the signal is also useful, and is called envelope following. In either case, the 
envelope voltage is directly proportional to the peak height of the signal at the cor- 
responding point, or as an "Upper Limit" on the peak at the points in between. 


Envelope L\7™\ 


Follower ENVELOPE 
IN OUT 













ENVELOPE 


Among the important properties of amplitude envelopes are the "attack", the "steady 
state" or "sustain", and the "decay". The attack is the initial part of the envelope 
(e.g., how does the amplitude vary immediately after the key on a keyboard is depres- 
sed?) and the decay is the final part of the envelope, (e.g., after the key is released, 
how long does it take for the sound level to die out?). Attack and decay are called 
the "transients", and familiar examples are the slow attack we hear as the amplitude 
builds up in a pipe organ, and the slow decay of a piano as a key is struck and 
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held down. The transients are very important in making a musical sound interesting 
enough for the ear to bother to listen to it. In between attack and decay is the steady 
state, a time during which the waveform magnitude is relatively constant. This 

would be present in an organ held tone, or a trumpet held tone, but not in a piano, 
where the decay begins immediately after the string if struck, i.e. attack and decay 
are directly connected. The steady state is probably only obtainable exactly in elec- 
tronic instruments, since traditional instruments involve human beings, who can not 
hold the sound constant, but only approximate it. However, it is these subtle changes, 
in harmonic content, if not in amplitude, or slightly in pitch, that make the steady 
state at all interesting to the ear. Thus in electronic musical instruments, we must 
take special effort to make the steady state imperfect: This can be done with special 
control voltages of relatively low magnitude. Two familiar examples are the shallow 
amplitude variations at about 7 Hz, known as tremolo, a form of amplitude modulation, 
and similar variations of pitch, known as vibrato, a form of frequency modulation. 

In addition, envelope waveforms can be used to control or monitor many other 
parameters of the sound, e.g. the harmonic content, i.e., the waveform of the output 
signal. Harmonic content can be controlled in two ways. First of all, the waveform 
from some source can be filtered, and the instantaneous characteristics of the filter 
are controlled by a harmonic envelope applied to a Voltage Controlled Filter (VCF). 
Thus the envelope controls the filter, and the filter controls the waveform as time 
passes. Asecond method is a so called "additive synthesis" method. In this case, 

a large number of harmonics are available, and the amount of each of these that we 
want in the final waveform is controlled by its own envelope. Here, the harmonic in 
question is applied to the input of a VCA, and the VCA is controlled by an envelope. 
The output is a mixture of such harmonics. | 


MODULES 


Below are described briefly some of the more typical electronic music modules. 
A module strictly speaking is a functional block that is formed into an actual "black 
box" type of circuit. The user then selects whatever combination of modules he needs, 
places then in their proper positions, and interconnects them. This leads to the idea 
that the modules should be mobile - they can be set in different positions, different 
studios, etc. This type of packing can be very useful, but also very expensive. The 
actual circuitry and performance are independent of the mobility - only convenience 
will suffer from lack of mobility. Thus, we shall consider a circuit to form a 
module even if it is not mobile. In this case, the interconnections to the module have 
fixed panel positions and patch cords have to be brought to these positions. 


VOLTAGE CONTROLLED OSCILLATORS: A VCO is a waveform producing device. The frequency 
of the waveform depends on a voltage that controls it. This process is diagrammed 
below: 
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VOLTAGE-CONTROLLED AMPLIFIERS: The VCA is a waveform processing device. 


The amplitude of 
the waveform depends on a voltage that controls it 


The process is diagrammed below: 
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VOLTAGE-CONTROLLED FILTERS: The VCF is a waveform processing device. The harmonic content 
of the waveform is altered in response to a control voltage 


In the example diagrammed 
below, we have assumed that the VCF is in a low-pass mode, and that the filter's cutoff 


frequency is controlled by the voltage. As the voltage rises, more high frequency 
components from the input square wave are allowed through This alters the waveform from 
a square shape for high control voltages to a sine wave for low voltages where only the 
fundamental component is allowed through (see chapter 1d for more information on harmonics) 


IN OUT IN 


VCF 


"AA AOA RAY 
i 


ENVELOPE GENERATOR: The envelope generator (also known as a transient generator or a 
contour generator) is an envelope producing device. 


The envelope is used as a control 
voltage, typically to control a VCA or a VCF 


. The EG responds to timing control signals, 
typically from a keyboard. 
Gate Ot —/(>— 
Out av | | 
Treg 


BALANCED MODULATOR: A balanced modulator (also known as a "ring modulator" or as a multi- 
plier) multiplies two signals together. It can serve as a VCA as well as a modulator. 
An example of balanced modulation is shown below 
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SAMPLE-AND-HOLD: The sample-and-hold is a waveform or envelope altering device. 
It chops up waveforms into discrete steps by catching an instantaneous value of 

the waveform when it is commanded to sample, and then holds the value until another 
sample command arrives. 
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NOISE SOURCE: A noise source is a signal producing device. The signal is 
typically white noise (the same as the interstation "static" noise on an FM 
receiver). The noise is useful since its spectrum contains all frequencies 
and can be filtered for colored noise. The noise can also be sampled to give 
slower random signals. 





CONTROL 


At some point some means to give the musician control over the various modules has 
to be provided. This applies to all electronic music systems. Below we will be dis- 
cussing sources of control voltages for electronic music modules. It should be mentioned 
that a voltage is a control voltage by the way it is used, not by its source. Any 
voltage; waveform, envelope, or specific control source voltage may be a control voltage. 
A control voltage is one which is applied to a control input. 


KEYBOARDS : Keyboards produce control voltages that vary discretely (in steps). Usually 
one voltage for each key. The actual voltage handling system involves some sort of 
interface that converts switch closures to control voltages, and may also provide timing 
signals such as gates (some key is down) and triggers (the key that is down is changing) 
as well as the control voltage. 
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CONTINUOUS CONTROLLERS : The keyboard provides control voltages with discrete steps. 
It is often useful to have continuous control of voltage. A simple potentiometer is 
such a continuous control, essentially just a voltage divider with an adjustable center 


point. Another form called a "ribbon controller" is also popular. With the ribbon 
controller, the performer can move his finger along a straight strip and achieve a 
continuous range of output voltages. An example 44 

output of such a continuous controller is shown 

at the right. Another controller known as a "joy \\ 
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stick" or X-Y controller produces two control | 
voltages for different motions at 90° to each other. 
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SEQUENCERS: A sequencer is a control device that is programmed to provide a sequence 
of voltages upon command. Once the device is set, the sequence is available as needed. 
Sequencers thus can be thought of as producing a number of sequenced events where each 
event is represented by certain times and by certain voltages. A sequence might be: 1 sec. 
V1 = 2 volts, V2 = 3 volts; 2 seconds, V1 = 1 volt, V2 = 4 volts; 5 seconds, Vj = 3.33 volts, 
V2 = 2.56 volts, etc. 

Sequencers can be programmed in a variety of ways. In some devices there is an 


individual control for each stage in the sequence. It is then possible to advance the 
sequence slowly while setting the correct voltages for each stage. In other sequencers, 
the sequence is read into a digital memory which stores the parameters. Such a memory can 


be entered with data from any standard data entry device or special interfaces can be made 
so that it is programmed by a standard musical keyboard. 


TRANSLATIONAL DEVICES: A translational device takes some parameter in the real world 
that can be controlled by a musician (e.g., the output of his own instrument) and converts 
the output to one or more control signals. This is an information extraction problem. 
The usual information extracted is pitch, amplitude, and possibly tone color. These 
procedures are not particularly easy. The main problem is that the actual musical signal 
is very rich in information (that is why it is interesting to hear) and therefore it is 
difficult to presuppose what sort of information patterns will be found. Secondly, the 
information is often a blend. The pitch information and the harmonic information may 

vary together. As the pitch changes, so does the tone color. In fact, this is the 

usual case with conventional instruments where for example and instrument has a low 

range and a high range with a different tone color in each range. 
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CHAPTER Ic 


BASIC MATHEMATICS OF MUSICAL ENGINEERING 


CONTENTS: 
Introduction 


Graphs, Linear and Non-Linear 
Relationships 


Multiplication in Graph Quadrants 


Scaling of Exponentials and Placement 
of Exponential Converters 


Logarithmic Relationships 


INTRODUCTION 


As with all fields of engineering, mathematics plays an essential role in musical 
engineering. It is not just a tool, but is essential for the description of the devices 
that are used to produce music electronically. This chapter is not to be considered 
an introduction to mathematics. It jumps around from topic to topic and thus assumes 
that the reader is familiar with math at least through algebra. Chapter ld covers some 
of the more advanced math that is useful for the electrical engineering aspects of 
musical engineering. The math given here is mainly application oriented. Each of 
the topics is chosen because there is a useful application that the musical engineer 
should be familiar with. 


Certain topics such as exponential relationships are essential for the understanding 
of the nature of musical intervals. This leads to the consideration of the application 
of exponential circuits. Trigonometric identities are used as a means of examining 
spectra and as a means of determining the necessary hardware for certain functions. More. 
on these will be found in chapter 2c. 
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GRAPHS, LINEAR AND NON-LINEAR RELATIONSHIPS 


Nearly everyone is familiar with graphs and how to read them. The most familiar 
graph is the set of X-Y coordinates also called "Cartesian" coordinates In this systen, 
a point on a graph is represented by its X-value and its Y-value. These values may be 
positive (greater than zero), negative (less than zero), or zero. Graphs are used to 
represent something that we are interested in that has two (or more at times) numerical 
aspects to it. Such a quantity is called a "vector" quantity. A familiar example is 
the directional system within a city. An address might be specified as two blocks North 
and three blocks West. We could represent this as two blocks North (the Y quantity, thus 
Y¥. = +2) and three blocks negative East (the X quantity, thus X = -3). Thus we might give 
an address to a stranger as +2, -3. All this means nothing without a reference however. 
We would have to know that the direction refers to the corner you are standing on, or 
perhaps the center of the city. Thus, for a proper iN} 
coordinate system there must be two axes (the X and 
the Y) and an origin (the intersection of the two 


axes - thus the point 0,0). The X axis thus represents E 
all points where Y=0 and the Y axis represents all points 
where X=0. The axes divide the graph into four sections 


called quadrants. At the right we show a typical graph 
showing the location of the address in the city. Below 
on the left we show how points (vectors) are plotted on 
a graph by means of several examples. Finally, below on GRAPH OF A CITY ADDRESS 
the right we show how the four quadrants are numbered. 





PLOTTING OF POINTS (VECTORS) ON GRAPH NUMBERING OF QUADRANTS 


In electronic music we are often interested in two related quantities such as an input 
control voltage and an output frequency of a VCO. If we 
replace X by the control voltage and Y by the frequency, 
we might find a relationship as shown by the graph at 
the right. The relationship in this case is a straight 
line and is referred to as linear. Linearity is often 
a very desirable property of electrical systems. The 
linear relationship we have shown operates only in the 
first quadrant (positive voltages and positive frequency). | 
It is possible to work in any combination of quadrants. A LINEAR VCO 
For example, we might have an amplifier that amplifies 
voltage by a factor of 3 and this could work with both positive and negative voltages. We 
suppose first that all we want is linear amplification. 
This means that the relationship we need is shown by the 
graph at the right. We show below how this linear 
relationship implies that an input voltage waveform 
(e.g., the triangle) has its waveform faithfully reproduced 
at the output. If the relationship between input and 
output is not linear, the waveform will be distorted. 

The result is non-linear distortion and will manifest 
itself by adding harmonics to the output that are not 
present in the input, or will change the relative 
proportion of the harmonics. 
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LINEAR AMPLIFIER 


One should not get the impression that 
amplifier curves like the ones above only 
appear in the first and third quadrants. 

An inverting amplifier for example would have 
its curves in the second and fourth quadrants. 
If the output voltage had an offset, the curve 
would appear in the first and third quadrants 
over most of the range, but there would be a 
small section where the curve misses the origin 
and passes briefly through either the second or 
the fourth quadrant. Another circuit shown at 
the right is the "absolute value amplifier" which ABSOLUTE VALUE AMPLIFIER 

has its curves only in the first and second quadrants. 

This device gives only the numerical value of the input voltage but not the polarity. 





While the linear VCO is useful in many applications, for music it is generally 
not the most useful. This is because in music, it is the interval between two notes 
that is of interest, not the exact number of Hertz difference. That is, if we are 
concerned with two notes with frequencies f] and f2, it is the ratio (£1/f2) some- 
times written f1:f2 that is significant, not the difference f}-f2. The most 
fundamental interval is the octave, the ratio 2/1. 


Suppose that we take a keyboard for an 
electronic musical instrument. Each key (black £ 
or white) has associated with it a switch of 
which one of the terminals comes out the top 
side. All the terminals are equally spaced as 
shown at the right. We assign to these terminals 
the values X = 1, 2, 3, ... and effectively place 
the keyboard along the X axis as shown. Along the 


Y axis we then plot the frequency that is expected a 

from the key assuming that a standard "equally : 
tempered" scale is desired by the musician. This 

results in a curve as shown. The curve is an 


exponential curve and is a consequence of the 

nature of traditional music and not something that was dreamed up for electronic music. 
We shall see that there is an advantage to using an exponential relationship when 
setting up a keyboard for a voltage-controlled system, but the reader should realize 
that the exponential relationship comes from the interval nature of music and is not 
just a matter of convenience for the engineer. 


We noted above that the most fundamental interval is the octave, a ratio of 2/1. 
This implies that the second note depends on the first, every octave is just twice 
the frequency of the first. In fact, it is the nature of exponential relationships 
that they come about when the rate of change of the quantity being measured depends 
on the amount there. A familiar example is the discharging capacitor. The voltage 
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on the capacitor depends on the charge stored in it. If we connect a resistor across the 
capacitor we know that the current that flows through it is equal to the capacitor voltage 
divided by the resistance. The current in turn is the rate of change of the stored 
charge. Thus the rate of change of charge (the current) depends on the charge stored. 
Suppose the capacitor is charged to 10 volts initially. You connect a resistor R and a 
current 10/R starts to flow. This current then lowers the voltage on the capacitor. 

After a certain time you find that the voltage is down to 5 volts. The current is now 
5/R, half the original rate of change. After two time intervals, the voltage will be 

down to 2.5 volts and the rate of change has again halved. 


Note that this is exactly the same as the way we would generate octaves given an 
upper frequency of say 10,000 Hz. We would take the change required for one octave down 
to be half the amount that is there. That is, we subtract 10,000/2 = 5000 Hz and get 
the octave below as 5000 Hz. Then we take half the remaining amount and subtract it to 
get 5000 - 2500 = 2500 Hz, and so on to 1250, 625, 312.5, 156.25, etc. Just as the 
Capacitor never really discharges in theory, we never get down to zero Hertz. 


For electronic music it is most useful to have VCO's that are capable of tracking at 
a fixed ratio (interval). The simplest system that 
we can try is a pair of linear VCO's. We supply them 
with the same control voltage and they track up and down 
as is indicated at the right. However, it is not 
necessary that the curves be linear (or even anything 
nice) for them to track at equal intervals. We could 





consider any curved functions as long as the second LINEAR VCO's 

VCO when connected to the same control voltage happens 

to be set for the interval above. This is shown by ew, 

the second set of curves at the right. These do in 

fact track at equal intervals although the response SY 

to the voltage would be strange. We will of course 

want to look at another set of 'nice'’ curves —- the ANY OLD IDENTICAL VCO's 


exponential functions. A set of exponential curves 
are shown in the third diagram at the right. Note 
that they have no zero in frequency at zero control 
voltage, but otherwise they are smooth increasing 

curves that do track at equal intervals. Thus, we 


will consider the linear and exponential VCO's in the 
following tracking experiment. EXPONENTIAL VCO's 


The setup is shown at the right. We have two VCO's. 
The two are supplied one control voltage V,, and the second 
VCO receives a second voltage V2. With V2 = 0, suppose we 
want to have the VCO's track at an octave ratio starting with 
the octave 400 Hz/200 Hz for Vj} = 1 volt. We can see that 
the linear VCO's for this job are: 


f, = 200-V, and . f = 400-V 
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VCO TEST SETUP 


For exponential VCO's we need to put the control voltage in 
the exponent of the function. We will assume standard 1 volt/octave exponential VCO's 
which gives us for the exponential case: 


f, = 100-2.2 and f> = 200-2"! 
Both these systems meet the requirement of tracking at an octave ratio and passing through the 
the 400/200 octave for V, = l. 
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The next step in the experiment is to add one volt to the second VCO by changing 


Vo from 0 to 1 volt. The output frequencies for the linear VCO's become: 
fs = 200-V; = 200 and a 400-(V)+V,) = 400-2 = 800 
And for the exponential VCO's: 
£) = 100-2"l= 200 and — fy = 200-2%1*¥2 = 290.2% = 800 


So in both cases the ratio has been changed to two octaves at this point. The final 
step in the test is to now change Vj to see if the tracking at two octaves is maintained. 
We get in the case of the linear VCO's for a 1 volt increase in Vj: 


fy = 200-V, = 200-2 = 400 and iy 400+ (V,+V.) = 400-3 = 1200 


Thus the 2 octave tracking is not maintained. The ratio has dropped to an octave and 
a fifth (a 3/1 ratio). In the exponential case on the other hand: 
Z VitV2 _ 3 


f= 100-2"1 = 100-2° = 400 and £, = 200-2 200°27 = 1600 


so the exponential VCO's track at the new interval. 


We are thus led to the conclusion that linear VCO's track only when they receive 
exactly the same control voltage. The interval that exponential VCO's track at can be 
changed by just changing one of the control voltages. This is one of the major 
advantages of exponential VCO's. 


MULTIPLICATION IN GRAPH QUADRANTS 


The X-Y type of graph can be used to understand different types of VCA's. We can 
first consider X and Y as numbers to be multiplied. Note that the sign of the product 
depends on the quadrant in which the point X,Y falls. An electrical circuit which will 
accept bipolar signals on both inputs and give the correct sign for the product is called 
a four quadrant multiplier. Such a circuit can be used as a VCA by letting the signal 
to be controlled by X and the envelope control signal by Y. Note in particular that the 
envelope must go precisely to zero for the off state. If it overshoots slightly the 
multiplier passes the signal slightly in the inverted sense: 


(-)x(4+)=(-) (+) x(+)=(+) 





(-)x(-)=(+) (HC )=() 





FOUR QUADRANT MULTIPLIER FOUR QUADRANT MULT. AS A VCA 


A more restricted type of multiplier is the two quadrant multiplier. This device 
operates only in the first and second quadrant. X may be bipolar, but Y must be only 
positive in the sense that any negative signals will be treated the same as Zero. We 
can now see two advantages of the 2 quadrant multiplier as a VCA. First, the zero need 
not be very precise, and secondly we can even bury the tails of the envelope in the 
negative Y part of the response so that envelopes will be truncated. This can be very 
handy when it is realized that for exponential envelopes. the voltage theoretically 
never goes to zero. Thus by truncating the envelope early a more abrupt and in many cases 
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more natural decay is produced. Below we show the response of a two quadrant multiplier 
and its application as a VCA. 


(-)x(+)=(-) | (4) *(4)=(4) 





TWO QUADRANT MULTIPLIER TWO QUADRANT MULT. AS A VCA 


Thus, the 2 quadrant multiplier is in general a better VCA. The four quadrant 
multiplier is used as a balanced or "ring" modulator. Here is a good example where we 
can use mathematics to analyze an effect. If we are working with sine waves and if we 


use a circuit that multiplies voltages, can we use a math equation to tell us what comes 
out? Yes, and it really works. We look up the trig identity for the multiplication of 
two sine waves: 


Sin(x)-Sin(y) = (1/2) [Cos(x-y) - Cos(xty) ] 


This tells us that multiplying the sine waves gives cosines that have frequencies that are 
the sum and difference of the input frequencies. We will have many occasions to use 
this result. 


SCALING OF EXPONENTIALS AND PLACEMENT OF EXPONENTIAL CONVERTERS 


We saw above the advantage of an exponential VCO. We used a response that was 
some constant times 2% where V is the control voltage. Many readers are familiar with 
the more usual form of the exponential expression that would be: 


Pu or exp(V) where e = 2.718.... the base of the natural log. 


The relationship oY is convenient because it means that a change of one volt will double 
the frequency and hence we have the easy to remember one volt per octave. We are thus 
faced with the problem of converting a natural expression like AeBV to one like C-2. 
This is really quite simple, We just take the logs of both expressions. 


BV V > 


Ae = C-2 Qn(A) + BV kn(e) = L&n(C) + V &n(2) 


We can let &n(A) and &n(C) be lumped into one constant K, and since £n(e) = 1, we get: 


BV = V 2n(2) + K 


We can then again take exponentials to get: Be = gen) ' = 


constant K'. Thus finally: 


K 
and set e = another 


abv = Kr eral2)°V 


from which it can be seen that the scaling factor is B = 2£n(2) = 0.69. 
The significance of all this is that to go from any exponential relationship we may 
have handy (as in the physics of a semiconductor junction) to the one we want, all we need 


to do is scale the control voltage by a constant factor. 
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_ Next we have to inquire about the placement of exponential converters. Having 
decided to use them between the control voltage inputs and the actual device, we have 
to know if they belong on the input of one device or the output of the control device. 
It is simple to demonstrate that they must be placed on the inputs of each device to 
be controlled. Consider the two setups below: 


[Em [vee 
Exp [ veo 


Exptl. Converter on | Exptl. Converter on 
Output of Controller Each Input. 


Contre} 





In the first setup, the two linear VCO's have no idea that the voltage they are 
receiving is from an exponential converter. Thus, if one of them is offset as in 
the demonstration on page Ic (5), they do not track anymore. The exponential 
converters on each input do the job correctly. 


The case of one exponential converter can be thought of as a warping of the 
keyboard. This would be done by placing resistors of different values between 
the keys and then sending a constant current down the resistor string. Thus 
there is no real exponential converter except by the selection of resistor values. 
This may be satisfactory in non-critical applications where the intervals between 
any tracking VCO's and VCF's are set by panel controls and not be control voltages. 
On the other hand, it is not overly difficult to design quality exponential converters 
for the input of each device to be controlled. This gives the advantage that the 
vcO's and VCF's can be set to intervals by voltage offsetting, and the controller can 
be linear. In the case of exponential VCO's for example, keyboard string resistors 
can be identical valued, resulting in high precision without having to come up with a 
wide variety of precision values. 


LOGARITHMIC RELATIONSHIPS 


The exponential function can be seen as a sort of expansion. The inverse function 
is the log function and is a sort of compression. A number of useful relationships 
are conveniently expressed by log notation. 


The "decibel" notation is a scale on which voltage or power rations are expressed 
in terms of linear increments. The basic decibel equation is: 


db = 20 10816 (E, /E,) 


Where E, and E» are two voltages to be compared. If we compare two power levels, these 
represent the same as squared voltages so the db equation becomes: 


db = 10 108, (P,/P,) 


Common decibel ratios that are often remembered are: 


1 db © 102% 10 db wv 3:1 
3 db down is about 0./7 20 db = 10:1 
6 db = 2:1 40 db = 100:1 
60 db = 1000:1 etc. 


From these, a good estimate of other db ratios is possible. For example, 46 db 
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would be 40 db + 6 db (100;:1 + 2:1) or a ratio of 200:1. For exact calculations, tables 
of logs can be used. The graph below should also prove useful: 
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DECIBELS 
= Various types of log graph paper are available. Semi-log paper can be used for plotting 
exponential functions. This gives a straight line regardless of the exact exponential. Log- 


Log paper is useful for plotting frequency response as this allows a wide range of both the 
frequency and the amplitude to be plotted. In addition, a 6 db/octave rolloff appears as 


a straight line at 45° across the paper. 
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CHAPTER Lp 


INTEGRAL METHODS OF ELECTRICAL ENGINEERING 


CONTENTS: 
Introduction 
Eyeballing The Fourier Series 
Mathematics of the Fourier Series 


Analysis of Non-Periodic Waveforms - 
Fourier Transforms 


Laplace Analysis 
Convolution: Time and Frequency 
Autocorrelation - A Convolution 


Impulse Response 


INTRODUCTION 


One of the principle passions of the electrical engineer is to take one math- 
ematical function, multiply by a second, and integrate the combination over certain 
limits. The reason for this madness is ostensibly to simplify things or to put them 
in a more useful form. This is in fact so, even though it takes the engineering 
student some time to appreciate this and feel comfortable with it. The integrals 
take on such names as Fourier coefficients, Fourier Transforms, Laplace transforms, 
convolutions, autocorrelations, and the like. All these names at times tend to 
obscure the fact that some very similar things are being done under different names. 


The transforms (Fourier and Laplace) are essentially alternative descriptions 
between time and frequency, both of which are descriptions used in music. Thus 
we have a chance to get two views of musical sounds by using transforms. 


Here, we have not attempted to give a full description of transform and integral 
methods. Rather the methods are discussed briefly, often with reference to the same 
RC circuit example. The reader will get some feeling for these methods as a sort of 


"algebra" of electrical engineering. 
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EYEBALLING THE FOURIER SERIES 


All periodic waveforms can be broken down into a set of sinewaves called Fourier 
components. When we say sinewave we are actually referring to any "sinusoidal" waveform 
that may include cosines, or any phase relative to the actual sine. The mathematical 
method by which a waveform is analyzed for its Fourier components is called the Fourier 
Series (FS) expansion. The only sinewaves that appear in the FS are integer multiples 
of a certain sinewave called the fundamental. The actual FS requires the use of integral 
calculus, but there is a lot that can be done by just eyeballing the waveform. It is 
often possible to tell what harmonics are present just by observing the waveform. 


For a start, consider the square wave which has somewhat of a clarinet sound. We 
look at the waveform and compare it with a sinewave of the same period. It is clear that 
the first harmonic fits the general form if we keep in mind that we will have to do some- 
thing to sharpen up the corners later. We can next try the second harmonic: 


wae 
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SQUARE AND FIRST HARMONIC SQUARE AND SECOND HARMONIC 


Note that the second harmonic appears exactly the same in the different halves of the square 
wave. Also, both halves of the square wave are symmetric about their midpoints (unlike the 
second harmonic). Whatever good the second harmonic might do in the first quarter of the 
Square wave will thus be undone in the second quarter. Thus, the second harmonic is not 
included. We can then go on to consider the third harmonic: 





SECOND HARMONIC IN HALF SQUARE WAVE SQUARE WAVE AND THIRD HARMONIC 


With the third harmonic we can see that the waveform is different in the different halves 
of the square wave. Furthermore, the bumps a and c will help fill up the corners while 
the bump b will help to flatten the center. 


Adding the first and third harmonics will | as cae” 

give something like the waveform shown at : a 

the right. Note that it starts to take on — eer eK er ee ee 

the general shape of the square wave. If . . 

this is followed through it can be seen scare 6. : 

that the harmonics present are the lst, 3rd, " 

Sth, 7th, etc., but no even harmonics are included. FIRST AND THIRD HARMONICS 
Next we can consider the triangle wave. The same mode of reasoning that was used 

for the square will show that only odd harmonics are present. In fact, it can be seen 


that the first harmonic is already quite a good fit with the triangle. Adding in the 
third harmonic however starts to make things worse as we start to move in the direction of 
a square wave. However, it we subtract the third harmonic rather than add it we will 


improve the situation. This can be seen from the drawings on the top of the next page. 
The bumps a and c will start to flatten down the rise of the first harmonic that is too 
fast. The bump b will help add to the point of the triangle in the center. Continuing 


this reasoning we find that the triangle contains the lst, 5th, 9th, etc. harmonics added 
and the 3rd, 7th, 1lth, etc. harmonics subtracted. Note also that since the first harmonic 
and the triangle are such a good fit to start with, we expect far less total harmonic 
content in the triangle than the square. 
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Sum (dotted) 


TRIANGLE AND FIRST HARMONIC TRIANGLE, FIRST, THIRD, AND SUM 


As a third example, consider the sawtooth wave. We can see that the first harmonic 
starts to fit in as long as we keep in mind we have to do something about the corners. 
We then look at the second harmonic and find that it is the same in different halves 
of the sawtooth, but the sawtooth is not symmetric about the midpoint of its halves. 
This means that the second harmonic will fit in. In fact, if we subtract the second 
harmonic we can see that the bump a will start to pull down the rise of the first 
harmonic which is too fast while the bump b will start to sharpen up the corner. 


midpo a 





SAWTOOTH AND FIRST SAWTOOTH AND SECOND MIDPOINT OF HALF 
HARMONIC HARMONIC SAWTOOTH 


Continuing the process, it is not evident that the third harmonic is included until it 
is seen that the fourth harmonic may be subtracted so that the two work together to make 
the sawtooth better. We thus keep all harmonics for the sawtooth, adding the odd ones 
and subtracting the even ones. 


With this eyeball method of Fourier analysis, a lot can be determined about the 
harmonic content of waveforms. However, the relative proportions in which the harmonics 
are mixed can not be determined accurately without mathematical methods. 


MATHEMATICS OF THE FOURIER SERIES 


We saw above that the sawtooth wave was formed from a series of sinewaves added in 
different proportions. We can represent this series by giving enough terms so that the 
pattern is evident, or by using the summation sign epr 


Thus, we can represent a sawtooth as: 


s 
e 


+i EG) = 0) sinGuty: = Visi) 
L 2. +(2/3n7)Sin(37x/L) - ..... 
’ = 0.636 Sin (tx/L) - 0.318 Sin(21x/L) 
+ 0.212 Sin(3nx/L) - ..... 
- co =e | 
| i. eyet ae Sin(ntx/L) 
t= 
: n=1 


These are three forms that show the harmonic content of the sawtooth wave. 
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A general periodic function has a Fourier Series of the form: 
EG)=-agf2. + ) [a, Cos(ntx/L) + bp Sin(ntx/L) ] 
n=1 
2L 2L 
where: a, = (1/L) : f(x) Cos(ntx/L) dx and b, = (1/L) J f(x) Sin(ntx/L) dx 
0 0 


The coefficients a, and b, are called the Fourier coefficients and represent the proportions 
in which the different harmonics are included. Note that each harmonic frequency has a 

sine term and a cosine term. The two together allow for the realization of an arbitrary 
phase for the overall harmonic. | 


For the FS, we have done the standard process: We took a function f(x), multiplied 
it by a second function Cos(ntx/L), and integrated the combination f ee ree dx over a 
full period of f(x). This process gives us a measure of the similarity between the 
two functions inside the integral sign. If the number is zero, the harmonic is missing 
from f(x). If it is large, the harmonic is present. If it is negative, the harmonic is 
present but of opposite phase. Thus, the integral can be thought of as a method of finding 
the similarity between functions in general and as such represents a sort of correlation 
coefficient. 


To see how a coefficient is generated, we must first derive the proper expression 
for the function. In the case of the sawtooth, this is x/L for the first half (from 
zero to L) and (x/L)-2 for the second half (from L to 2L). Thus, we can find the first 
bj coefficient by two integrals: 


2L L 2L 
(1/L) f f(x) Sin(mx/L)dx = (1/L) if (x/L) Sin(wx/L)dx +(1/L) J (x/L-2)Sin(1x/L) dx 
0 0 L 
L 2L 
(1/17) f (1x/L)Sin(tx/L) (1/L)dx + (1/17) f (1x/L)Sin(1x/L) (1/L) dx 
0 L 


oe 
iI 


2L 
+ (-2/7) f | Sin(mx/L) (1/L)dx 
L 


Using tables for the integrals: 
by = 2/t 


Other Fourier coefficients can be determined in the same way. It is well to be aware 
that there are several different ways of writing the expressions for the FS. One has to 
be careful to see how the basic periods are defined. Above we have used a period from 0 to 
2L. Sometimes a period from -L to +L is used, or -l to +1, etc. Another form that is 
popular is the complex form where instead of using separate ap and b, coefficients, the 
FS is determined from a complex exponential, resulting in a single coefficient c, and a 
phase factor. 


ANALYSIS OF NON-PERIODIC WAVEFORMS - - FOURIER TRANSFORMS 


All musical waveforms are non-periodic. A periodic waveform begins at time minus 
infinity and ends at time equal plus infinity. Quite a concert - but not the sort of music 
we are used to. Thus we know that the FS is strictly not correct for musical applications 
and we have to determine where the limits are. These limits are determined by the absolute 
mathematics of the shorter waveforms, and perhaps more importantly by the limitations due 
to processing by the human ear. 
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A couple of limitations appear right away. For example, it was at one time thought 
that to produce the sound of a trumpet, it was only necessary to determine the overtones 
in the trumpet waveform and resynthesize. This procedure produces a sound not unlike 
the sound of a trumpet, but one which has some basic quality more akin to that of any 
other electronic sound. 


A second hint that the FS is not the whole story is provided by the case of a short 
sinusoidal tone burst, or any tone that is suddenly turned up to full amplitude (as by 
simply closing a switch). One might produce a waveform 
of the general form shown at the right. Persons familiar 
with only a FS would likely argue that the only harmonic 
present is the frequency of the ungated sinewave. However, 
what is actually heard is a sharp click as the waveform is 
gated on. If the waveform has a duration exceeding about 
100 ms, the click is followed by what seems to be a pure 


tone, and by another sharp click as the waveform is gated off. Often the click is 
blamed on the switch (e.g., the VCA) and is thought to be related to the thump that one 
hears when the control voltage to a VCA feeds through into the output. In fact, there 


is nothing wrong with the VCA. The click results from noise that is present mathemati- 
cally inthe gated waveform. The ear can be thought of as averaging over about the last 
50 ms of sound it received. The noise in the spectrum results from sharp edges on the 
waveform, and thus is principally associated with the switching points. Thus the ear 
hears clicks since it preceives noise during the switching times, but after about 50 

ms starts to forget it. Thus for long tones, the ear forgets the edges and hears only 

a pure tone until another transition occurs. 


We also know that we can get rid of the clicks by rounding off the corners, causing 
the waveform to build up gradually and die down gradually 


as is suggested at the right. This can not really be 
understood on the basis of the FS. Yet we use the idea 


every time we apply an envelope to a VCA. 


Another limitation of the FS is that we are restricted to a discrete set of sine 
waves that are all integer multiples of a common fundamental. We can and do build 
sounds with non-integer multiple sine waves, and these are musically useful if not 
essential. This is an extension of the principles of additive synthesis. Often times, 
such spectral components are the result of modulation processes. 


At this point it is a good idea to say exactly what we are getting at when we refer 
to the spectrum of a sound. A periodic waveform that 
has a FS has what is known as a discrete spectrum. 
That is, all the frequency components appear in their 
own positions which are represented by discrete numbers. 
It is also possible to have a discrete spectrum where 
the spectral components are not integral multiples of 
a common fundamental, and which may be in no way related 
to one another. This could result from the arbitrary 
mixing of independent sine wave generators. An arbitrary ARBITRARY DISCRETE SPECTRUM 
discrete spectrum is shown at the right. A third type of 
spectrum is the continuous spectrum. The simplest 
spectrum of this type is the spectrum of white noise. 
No frequency is favored in this type of noise, so the 
spectrum is flat. Furthermore, all frequencies are 
possible so the spectrum is continuous. It is possible 
to have other types of continuous spectra as well. In ARBITRARY CONTINUOUS SPECTRUM 
fact, it is correct to say that all non-infinite waveforms 
in fact have a continuous spectrum even though for practical purposes they are sufficient-— 
ly sharp to be considered discrete. 
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We can build up to the idea of a continuous spectrum by first considering the effect of 
of spectral components that are very close, and then consider the effect of having many 
spectral components. When two sinewaves of frequencies that are very close are mixed 
together, the result is known as beating. The two cancel and reinforce each other and 
thus build up localizations of energy in time. The beating is at a rate that depends on 
the difference frequency, and the pitch of the result is the average frequency. If we 
make the frequency difference very small, we can consider only one energy localization 
over the time span of interest. It is possible to think of any sine wave of variable 
amplitude to consist of two sine waves one of which has a slightly higher frequency than 
the actual one and the other a slightly lower frequency. In this sense, any waveform 
that is not steady state is seen to consist of a number of components and the actual 
observed waveform is a part of some "beat envelope." Again this makes the point that 
only a time invariant waveform has a pure spectrum. 


Next we want to look at the sharpness of localizations. It would not be unreasonable 
to expect a musical note to be localized to a time of one second for example, and not 
re-occur for times on the order of hours. We can get a 
clue as to what is required by considering what happens 
when a large number of sine waves are used to build up 
waveforms. Chamberlin has shown [EN#25 (3)] that a 
sharp pulse is produced when 16 sinewave harmonics are 
added. The resulting waveform is shown at the right. 
What is actually happening is that one point on the 
waveform is selected and all the sinewaves are put in oe Tew ee www: 
phase at that one point. A substantial amplitude results 
at that point, but at other points the sinewaves tend to 
average to zero. Since the actual waveforms that made this up are not part of a continuous 
spectrum, the overall energy localization repeats periodically. 






16 Sine Wave 
Harmonics 





Now, by combining the effects of close spacing and a large number of components, we 
can arrive at localizations that are both sharp and isolated. We can then consider the 
spectra of a large number of non-periodic waveforms as being composed in this way. The 
necessary mathematical tool is the Fourier Transform (FT) which can be regarded in some 
ways to be a continuous FS. 


| We should point out that the FS is in fact a transform. It transforms the description 
of a sound in the time domain (the waveform) to a description in the frequency domain 
(spectrum). The time domain description is in terms of the variable t while the frequency 
domain description will be in terms of the variable w. To go from the time domain to 
the frequency, we want first to look at the complex form of the FS that we mentioned 
earlier. 
jnw,t 
f(t) = » e o 
+L 
where: es (1/2L) 4 f(t) e 
—-L 


jnwWot ae 


It is then a plausible step to go to the FT where the symbol F[ ] will indicate that the 
FT of the quantity inside the [] is to be taken. An alternative notation will be F(w). 


co 


F[f£(t)] = Fw) = J £(t)e J%* at 


—OO 


The inverse transform (analogous to Fourier synthesis form FS results) is possible. The 
inverse transform is denoted by ae | } oF alternatively as just f(t). The inversion 
formula is: 
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(PGS 2G) Savon if BG) a?" ai 


As an example, we can take the FT of a single pulse. ' 
The pulse is shown at the right. Denoting the pulse as 4 
p(t) we have: 


P(W) = f p(t) a ace dt 





t 
F [p(t) ] ; =aja. d/2 
d/2 d/2 SINGLE PULSE 
= e JOU ae = e Io ' 
-d/2 jw 272 i 
A fedwd/2 _ e jud/2, rn 
Jw “a 
= —=— sin(wd/2) SPECTRUM OF SINGLE PULSE 


The result shows that the single pulse has a continuous spectrum. Thus, we can expect 
an isolated pulse to result in a click. 


As a second example, consider the sine wave tone burst. This has been discussed 
by E. Metzger [JASA 42 #4 (1967)]. For a sine wave Sin wot which is gated off except 
when t is between -T and +T, the FT is 





Wo + Wo 
Seats +wo)T _ Sin - eat | 

W + Wo W - Wo s a 

. st. 

A diagram of the spectrum magnitude is shown at the ya 

right. It is worth noting that the main lobe is 
of width (217/T). This can be considered as a 
measure of the frequency uncertainty Aw. The 


corresponding uncertainty of time is the duration 
of the burst 2T = At. The product Aw*At = 4m. 
This means that the more you confine the time, 
the greater the uncertainty in frequency and vis- 


versa. This is a property of any two quantities 
related by the FT relationship, and is of the same origin as the famous "Uncertainty 
principle" of physics. For our purposes, what this implies is that short tone bursts 


may well have poorly defined pitch, or just appear as a click. 


LAPLACE ANALYSIS 


A more general form of the Fourier Transform (FT).is the Laplace Transform (LT). 
The FT related a time description to a frequency description and back through the 
inverse FT. The LT relates a time description to a complex frequency description 
and back through the inverse LT. The LT will be denoted by the operator | and the 
integral description is given by: 


L[é(t)] = fe > £(t) at 
O 


where s is the "complex frequency." By complex we mean that it has a real and an 
imaginary part: s = 0 + jw , where w is the angular frequency. This means that the 
complex variable s exists mainly on a plane, called appropriately, the s-plane. One 
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of the coordinate axes of the plane is the o-axis, and the other is the jw-axis. The 
price we pay for increased generality is that the inverse LT is not represented by 

a simple integral formula except where o=0 and the case reverts to the FT. The derivat- 
ion of inverse LT's involves a contour integral in the complex plane. As in the case 

of integrals and many FT's, the practicing engineer usually resorts to tables when it 
comes time to get a LT or its inverse. They thus become a short-cut tool to solving 
many problems as we shall see. We are in fact very used to the s-plane since it is 
used in the analysis of filters. Yet, the LT equations seldom come in at all. 


As an example of the use of a LT method, we will consider a simple circuit that 
is often used as an envelope generator - the RC series 
circuit shown at the right. We recognize this as a 
low-pass filter, an integrating network, and as an a 
exponential ramp generator when a step waveform is Vouk 
applied. It is the application of the step waveform Vo C. 
that we want to consider here. We will go through 
two methods of analysis as a comparison demonstration. 


The first method is the differential equation method. 
The second method will illustrate the LT method. 


— 


METHOD 1, THE DIFFERENTIAL EQUATION APPROACH 


SS ES ES TASS | <elte/kileeseeebhrSensetssS 


For a capacitor, the voltage is related to the charge by Q = CV and the current is 
the time rate of change of charge: I = dQ/dt. When the step waveform arrives (as when 
sumeone closes a switch), the voltage across the resistor (IR) plus the voltage on the 
capacitor (Q/C) must add to the applied voltage V,. This gives the equation: 


Vo = IR + Ve = R(dQ/dt) + Q/C 
This is a differential equation: dQ/dt + Q/RC = V,/R. 


The solution to this type of differential equation is found in the following (outwardly 
fishy) way. You first throw out the forcing term Vo/R and solve for what is called a 
general solution. Next you find a'particular solution" which fits the forcing function. 
Then some mathematician somewhere was kind enough to prove that this is all you have to 
do. The complete solution is the sum of the two - and the final form is arrived at by 
applying initial conditions which for this problem are that the capacitor is discharged 
when the step voltage first arrives. 


Setting V,)=0 we go for the general soultion (which will be seen to be the solution 


of the discharging RC network). This leaves: 


i 
dQ/dt = — Re 


The variables can be put on separate sides of the equation: 


This is integrated on both sides to give 


Ln(Q) = (-1/RC)t + Constant 


‘ -t/RC 

Taking the exponentials of both sides gives Q=Ae / where the "Constant" has 
been incorporated in the new constant A. Next we look for a particular solution, and 
it is usually best to guess that this will have the same form as the forcing function, 


therefore we guess a constant B as the solution. This gives: 
V. = R= + = and since dB/dt = 0, B= VoC 
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Adding the two solutions gives: 


Q=VC + Ae t/RC 


Since Q = O at t=0, we can plug these values in to give 0 = Vee +A, or A= “VC. 


Thus we get the final answer: 


—t/RC 


Q= voelt -e ] 


Or in terms of the output voltage: V =VvV[l1- ot /RC 
exponential ramp we expected. : 


] which is the rising 


METHOD 2, THE LAPLACE TRANSFORM METHOD 


The first step in the LT method is to derive the transfer function T(s) just as 
we would for a filter. 





I= V, /(R + 1/sC) = SEV iit. 
1+sCR 
Ving Ve. SARS, seh in 
Ou 1n 1n 1+sCR 
T(s) = V IV i pe els : 
out in 1 + sCR 


Above we replaced C by 1/sC and treat the capacitor exactly as we would a resistor. 
This allows for the frequency dependence and phase of the capacitive reactance without 
resorting to explicit notation. 


If we were just working with a filter, we would be testing with sine waves and 
would be using s = jw to determine the frequency response. Here we must represent the 
input by the LT of the time input. We thus consult tables to get the LT of a step 
function: 


-tos 
V O 
Liv, J a ae = V,/s for t )=0 
S 





The Laplace transform of the output is now just the product of ithe LT of the input 
and the transfer function T(s), which already exists on the s-plane. Thus: 


Vo 
LIV out! 7 s(1 + sCR) 


To get the output, we have to take the inverse LT or 1/[s(1+sCR)]. We could probably 
find this by looking in tables, but it is often the case that it is necessary to reduce 
the expression to one that can be solved by better known LT's, the ones on the first 
page of the tables for example. The method used here is the expansion into partial 
fractions. We assume that numbers A and B exist such that: 
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1 A B A + AsCR + Bs 


s(1 + sCR) ~ S = 1+sCR 7 s(1+sCR) 
Equating like powers of s in the numerators gives A=l, and ACR + B = 0, thus B = -CR. 
Thus: 

eet eee = tg aOR 

s(1 + sCR) S 1 + sCR 


The LT of a sum is the sum of the LT's so we use: 


L{1/s] =1 and L{1/(s-a)] = e7* 
This gives Mest as: 
. -t/RC 
Vout 7 Vou = 


which is the same result we got for the differential equation method. 


CONVOLUTION: TIME AND FREQUENCY 


The integrals used above were used for transforms. They were of the basic form: 


f f(t)°K(t) dt where K(t) is an exponential (or sinusoidal) function 
called the Kernel of the transform, and f(t) is the 
function that is transformed. 


We can also use functions that have approximately equivalent status under the integral 
sign. One such useful integral is the "Convolution Integral" which is formed below: 


c(t) = f £(x) g(t-x) dx =  £(t)*g(t) 


where the (x) is used as a short form of notation of the integral. 


There are two important theorems concerning convolution that will be stated but not 
proved here. These basically describe how relationships between functions change when 
a transformation is made from the time domain to the frequency domain and vis— varsa. We 
denote the FT's of f(t) and g(t) by F(w) and G(w) respectively. The two theorems are: 


(ijoay-E Trays) FREQUENCY CONVOLUTION THEOREM 


f£(t)-g(t) 


and: F(w) *G(w) F[f(t)«*g(t) J TIME CONVOLUTION THEOREM 


These theorems imply that multiplication in one domain leads to convolution in the other 
domain. 


AUTOCORRELATION - A CONVOLUTION 


A special type of convolution is the "autocorrelation" denoted by R: 


co 


R(t) = f £(t) £(t-t) dt 
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Thus the autocorrelation is a measure of the similarity of a function with a delayed 
version of itself. The autocorrelation is a convolution in time, so it is possible 
to relate this to a multiplication of functions in the frequency domain by using the 
time convolution theorem: 


F [£(t)*£(t)] =F [R(t)] = F(w)*F(w) = |F(w) |? 


The term |F(w) |? can be related to some sort of power spectrum as the spectral components 
are all squared. This can be related to the time waveform power by means of Parseval'’s 


Theorem: 
co 


(1/27) [|F Ww) |2du = f |F(t) |4dt 


—% 


‘ : 2, 
Clearly if f(t) is some sort of voltage, then f(t)” is a power. Parseval's theorem then 
relates the total power integrated over time to the total power in the spectrum 
integrated over frequency. Thus, we arrive at an important FT pair: 


The Autocorrelation Function and the Power Spectrum 
form a Fourier Transform Pair. 


IMPULSE RESPONSE 


We are familiar with impulse response in several cases. If a short impulse is 
applied to a bandpass filter for example, it will "ring" producing a damped sinusoidal 
as energy is dissipated. We are also familiar with filter transfer functions: 


E (s)/E, (s) = T(s) 
out nm 


In the analysis that follows, we will follow tradition and replace T(s) by H(w). This 
is just a change of name when we work with real frequencies. We could use T(w) or T(jw), 
but H(w) is generally used. In the new notation, a transfer function can appear as: 


H(w) = But (o/ Ent or: Four 6? = EB, 60) *H(o) 


We can again use the time convolution theorem to handle the multiplication BE, 60) HC) - 


We can next define the following FT's: 


—] 
F [Et 6! 


II 
oy) 
o~ 
cr 
ww 


-1 
FTE, (w)] 


il 
4) 
oN 
rt 
~~ 


e {H(w)] = h(t) 


The function h(t) is in fact the impulse response of the system. We can also use the 
time convolution theorem to infer the following relationship: 


CO 


eat 6D) = J e, b*) h(t-x) dx 
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Thus the time response is determined by convolving the input with the unit impulse response. 
This is reasonable. It says that the total response is the same is it would be if the 

input were broken into impulses and the response of the system to each of these impulses 
were added. 


As an example, we will once more attack the RC series circuit excited by a unit 
step. We determined the transfer function to be: 


1/(1 + sCR) fF | 
¢ 


Bcc: ? 1 
H(jw) = T(jw) = T+ jock” 


T(s) 


thus H(w) 


Consulting tables, we can determine h(t) as the inverse FT of H(w). 


necks — Git = tye e 





This impulse response is shown at the right: 


Now that the inpulse respones has been determined, the response of the RC to a step function 
is determined by convolving the step function with h(t). The step 


function is shown at the right. For practical purposes, this Ve 7 
just changes the limits on the integral, since the step function pip V4 / f/ 
is zero below t=0, and a constant V, above. | 
tee te brtied us fT tee, 
out ig in = : O 
Log fe” (t-x) /RC yt 
2 O 
_ Vv, fie e T/C, 


| pe = 
Once, again, this is the same result, indicated at the right: ° = Pa 
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INTRODUCTION 


Musical Acoustics is the scientific study of musical sounds. Our interest in 
musical acoustics stems from our desire to produce viable musical instruments. Even 
most musicians who are looking for entirely new musical art forms admit to the success 
of traditional instruments. If we can learn why traditional (acoustic) musical 
instruments are successful, we will have at least one clue as to how electronic counter- 
parts may be approached. 


Many readers of this book will be engineers who play at least one musical instru- 
ment and they will be able to think back to how they learned to play. As with many 
learning processes, they probably were given the rules, learned them, and obeyed them. 
Since they later became engineers, it seems that at some point they had to know the 
reason why. Why are there 12 notes per octave? Why does the clarinet have that 
maze of keys and finger holes? Why does the dominant chord lead to the tonic? 


Upon close examination, the engineer is probably next impressed by the precision 
and refinement of music, and shocked to learn how much is based on tradition - not on 
sound scientific principles. Tt then may seem to him that all this tradition has led 
to musical creatures that may merely be accidents of evolution - but somehow, it all 
does seem to work. 
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The next question is probably something like: "Yes, that works, but why not..,.?" 
What follows the "why not" may be provocative if not at times profound and useful. But 
how can the idea be tested? It isn't easy. The necessary musical devices must be 
prepared and turned over to musicians who learn to use them to realize music. Assuming 
that this can be done successfully, the experimenters may be up against an esthetic wall - 
Yes, but is it art? 


The electronic technology has added greatly to analysis of traditional musical 
instruments and practices (including such "exotics" as spectral analysis by computer and 
acoustical holography). Also, existing synthesis equipment and computers add to the ease 
with which new ideas can be tested. For example, musical scales with an arbitrary number 
of notes per octave can be had at the turn of a dial with a voltage-controlled synthesizer. 
Working the same study with a piano would involve tedious tuning, a process taking at least 
a few hours. Also, computers can generate new sounds and structures that are too complex 
or too unfamiliar for musicians to attempt manually. 


Most of the musical acoustic studies that have been written up will assure the 
engineer that there have been plenty of technical people who have been concerned with 
music and have studied it. He will likely find from these studies that evolution has 
accomplished what are in many cases the same as engineering compromises. It is interesting 
that many engineers will discard a tradition (e.g., a 12 tone scale) as sheer nonsense and 
then try to work it out right. Study will show them that the exact solution they assumed 
existed does not, and that within certain limits, the 12 tone scale is the best engineering 
compromise. 


In the limited space in this book, we will be able to touch briefly on only a few 
points of musical acoustics. The reader is advised to consult additional references to 
gain the necessary insight to apply musical acoustics to musical engineering. 


THE ACCURACY OF TRADITIONAL MUSIC 


The exact precision of a musical piece and/or individual performance depends on the 
score, the instruments, and the number of players. We assume here that the performers 
are accomplished musicians so that ability plays no role in accuracy. We assume first 
that the only operative analyzer for the music is the human ear-brain, and that the human 
judges the performance to be correct barring possible difference on esthetic interpretation. 
We can then ask what happens when we bring in scientific instruments. Just how accurate 
are the pitches and rhythms relative to the score and relative to other performances? 

The answer is that in general they can be quite "bad" and still be judged as a good per- 
formance, perhaps as a better performance than a more accurate one. 


What determines if a pitch is right or wrong? First of all consider the piano. 
Once tuned, the performer has no control over the exact pitches, so by definition, he is 
always 100% accurate. A single player in an orchestra also has little if any leeway in 
pitch once he has tuned to the rest of the orchestra and is drawn along by it. Things 
Start to get more interesting when the player is turned loose as a soloist or even as a 
soloist with accompaniment, and where his instrument has continuous pitch capability 
(e.g., a violin Or the voice). The control in this case can be influenced by the 
accompaniment if any, but to a large degree, artistic instincts take over to determine 
the right pitch. Some studies indicate that the written pitch may be missed by amounts 
exceeding a whole tone and yet sound right to even experienced listeners. Thus the 
element of musical context seems to play a role - the performer has a "story" to tell 
and does it with his own interpretation. If this were not so, surely we would not see 
much competition for recordings of the same piece by different artists. 
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Boomslitter & Creel have shown [J. Music Theory 7 #2 (1963)] that even over 
relatively short passages, opinions on the exact "correct'"’ pitch for the same written 
pitch can vary due to local references. This sort of result is something for the 
engineer to consider since often a very strict set of pitches is used, and the ones 
that would be "correct" are not even available. 


The situation on rhythm is much the same as pitch. Not only does tempo vary 
greatly, but the actual lengths of the notes in time may vary greatly from their 


written values. For example a dotted half note followed by a quarter may not be 
given the expected 3/4 and 1/4 time values. Instead a much larger lowest common 
denominator is required in many cases, e.g., 45/64 and 19/64. Again, an electronic 


sequencer will output rhythms with extreme precision (musically wrong?). 


Probably the most important clue to an electronic sound for an average listener 
is the extreme precision of waveforms, stability and timing. This is not to imply 
that things would be better if things were made sloppy, as they just sound exactly 
sloppy in this case. Instead, a careful study of the implications of studies of 
musical accuracy should be made. 


MUSICAL SCALES 


It is the usual practice to divide the continuous range of pitch into discrete 
steps (called tones) with octave ratios (2:1) serving as the main markers. The choice 
of the number of tones per octave is not arbitrary since it is also the usual practice 
to play more than one pitch at one time, and therefore the subjective effects of various 
combinations must be considered. The subjective description is generally either 
consonant or dissonant. Dissonant intervals have long been associated with unpleasant 
sounds, but this is no longer true as modern music has made them sufficiently familiar 
to be accepted. Consonant intervals are generally associated with combinations for 
which the frequency ratio can be expressed by a small integer ratio. Dissonant intervals 
have high integer ratios or are irrational ratios. Regardless of where the individual 
sets the dividing line, the most useful scales are those which make possible both 
consonant and dissonant intervals. Thus, it is necessary to set some notes at small 
integer ratios. 


The simplest non octave ratio is 3:2, the musical fifth. We could thus try to 
build a scale based on the fifth. We could start on musical F for example and build 
with fifths above it: 


t+ § 
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After 12 fifths, we have gone 7 octaves and arrived back at the starting note (F) and 
have generated a 12 tone scale. However, things are not quite right as / octaves 

is a ratio of 2’ = 128, while 12 fifths are (3/2) 12 = 129.74632...., so if we want 
perfect octaves, the fifths will have to be a little flat. The scale based on fifths 
was suggested by Pythagoreas (600 BC). It turns out that scales based on other simple 
ratios offer no real improvement, and the thing never comes out right. 


It can be demonstrated that the 12 tone per octave scale can be arrived at on 
the basis of the best fit to the simplest integer ratios. The procedure has been 
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described by van Hoerner ["Universal Music" EN#35]. You first start with a prime number 
(5 in this case) and take all lower primes (i.e., 3 and 2 in this example). Next you 
consider all possible ratios of these numbers: 


For prime 5: 5/4 4/5 5/3 3/5 5/2 2/5 5/1 1/5 
For prime 3: 3/2 2/3 3/1 1/3 
For prime 2: 2/1 1/2 


Next, all ratios that are more than an octave are removed - leaving: 


5/4 4/5 5/3 3/5 
3/2 2/3 


Then those ratios that are less than one are doubled (raised to one octave higher): 


5/4 8/5 5/3 6/5 
3/2 4/3 


These are all the possible simple integer ratios for prime numbers up through 5. These are 
all musical intervals named as follows: 


Ratio Name Closest tone in C Scale 
5/3 = 1.67 Major 6th A 
8/5 = 1.60 Minor 6th ct 
3/2 = 1.50 Perfect 5th G 
4/3 = 1.33 Perfect 4th F 
5/4 = 1.25 Major 3rd E 
6/5 = 1.20 Minor 3rd pt 
These are all well known consonant intervals. It is interesting to plot these ratios on 


a log scale (shown as dots below). Note that the spacing is pretty regular, and gaps in 
the scale are shown as crosses: 


1.0 1.5 2.0 


ox x 0@006@x © @@x x @ 
1 2 3 45 6 7 8 9100 11 12 


Thus we can have good approximations to all the small integer ratios, and if we fill in the 
gaps we can have a complete 12-tone scale. The various gaps can be filled by musical 
intervals from the table listed below. Most of these are relatively small integer ratios, 
but are large enough to supply dissonant intervals: 


Gap Position Ratio Name Comments 
2 16/15 = 1.0667 Semitone denoted by s 
3 10/9 = 1.1111 Minor tone denoted by m 
3 9/8 = 1.1250 Major tome denoted by M 
7 45/32 = 1.4063 Augmented 4th 45/32 = (9/8)-(5/4) 
7 64/45 = 1.4222 Diminished 5th 64/45 = (4/3)-(16/15) 
11 7/4 = 1.7500 #$£=Harmonic minor 7th 
11 16/9 = 1.7777  £=Grave minor 7th 
12 9/5 = 1.8000 Minor 7th 
12 15/8 = 1.8750 Major 7th 
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With the gaps filed, we can choose a complete 12 tone scale. This is called a just 
tuned scale since all the ratios are integer ratios. We will show how a just major 
scale can be obtained. This will also serve to show how some of the intervals that were 
used to fill the gaps were arrived at, since to this point, they were given somewhat 
arbitrarily. Successive tones of the scale will be obtained by multiplying the lower 
one by either a semitone (s)-16/15, a minor tome (m)-10/9, or a major tone (M)-9/8. 


Just Major Scale Ratio Step Interval 

C 1/1 Unison 

D 1°(9/8) = 9/8 M Major tone 
E (9/8)-(10/9)= 5/4 m Major 3rd 

F (5/4) °-(16/15)= 4/3 S Perfect 4th 
G (4/3):(9/8) = 3/2 M Perfect 5th 
A (3/2)+-(10/9)= 5/3 m Major 6th 

B (5/3)-(9/8)= 15/8 M Major 7th 

C (15/8)-(16/15)= 2 Ss Octave 


This is a just tuned major scale. It has one major drawback. Once an instrument is 
tuned for one key, the intervals will be different if it is used in another key. For 
example, the fifth from C to D is a perfect 5th with a ratio 3/2 = 1.50. If we try to 
play in the key of D, the fifth from D to A would have a ratio 40/27 = 1.481... and 
this is not a perfect fifth. The reason it is necessary to play in more than one key 
is that much of western music "modulates" from one key to another as the piece progresses. 
The compromise that has been arrived at is called the "equal tempered" tuning method 
where all intervals are spaced by an integer number of half steps. Thus all scales 
are equally good in any key, and by the same token, equally bad where errors occur. 


When twelve tones are spaced so that the intervals are all equal, they are spaced 
at the 12th root of 2 apart. The half step is thus a ratio of 1:1.059... and the full 


scale becomes: 


Equal Tempered Scale 


(chromatic version) Ratio Interval Name Just Interval 
*C 1.0000 Unison 1.0000 
cH 1.0595 Half step 1.0667 
xD 1.1225 Whole step 1.1250 
pi 1.1892 Minor third 1.2000 
*E 1.2599 Major third 1.2500 
*kFP 1.3348 Fourth 1.3333 
Fi 1.4142 Diminished 5th 1.4063 or 1.4222 
*G 1.4983 Fifth 1.5000 
GH 1.5874 Minor 6th 1.6000 
*A 1.6818 Sixth 1.6667 
Ait 1.7818 Minor 7th 1.8000 
*B 1.8877 Major 7th 1.8750 
*C 2.0000 Octave 2.0000 


*Tones for equal tempered major scale 


The 12-tone equal tempered scale is a natural scale for electronic music systems 
since a set of equal valued resistors can be used in a voltage divider to supply all the 
voltages required for an exponential VCO. A one volt/octave VCO for example gets volt- 
ages that are 1/12 volt apart. It is possible to obtain many other equal tempered 
scales as well by scaling the VCO response up or down. Scales of 19, 31, and 52 tones 
are of interest because they provide tones that are good approximations to many of the 
just intervals. 


le (5) 


BLOCK ANALYSIS OF TRADITIONAL INSTRUMENTS 


Below we will take a look at some traditional musical instruments in a block 
diagram type of approach similar to that we used in chapter la for electronic music 
systems. In general, these instruments consist of an excitation source, and some means | 
of tone coloration- usually connected with a sound radiation mechanism. Traditional 
instruments have been designed mainly to produce melodic and harmonic structures. Thus 
they are oriented toward accurate pitch control. Dynamic control is usually fairly 
well advanced. It is in the area of tone color control and variation that traditional 
instruments may be found most wanting. Nonetheless, the reader should bear in mind 
that there is a certain quality of traditional musical instruments that is often referred 
to as "realism" that is still somewhat of a mystery to the electronic instrument designer. 


THE PIANO: A block diagram of a piano is shown below: 


SOURCE PIANO 


PROCESSORS 















Struck 
Strings 






Tone Color 
Sounding 


Amplitude 











Overtone 
Selection 





Note Selections 


CONTROL 


Keyboard and Pedals 
Human Fingers and Feet 


The excitation source results from the striking of the piano's strings. The 
performer has rather complete control over pitch and note selection through the use of 
the piano's keys. On the processing end, the performer has very good control over the 
amplitude (since the real name of the piano is "pianoforte",soft-loud). Additional 
amplitude control is provided by the pedals. However, the shape of the amplitude 
envelope is not variable - the user must use a sharp attack followed by an exponential- 
like decay. Slight changes of tone color are possible by using the pedals, but the 
main mechanism of tone color control is through the placement of overtones by means 
of multiple note selection. For the most part, the piano literature consists of works 
that exploit the polyphonic ability of the piano. A few modern composers have however 
used the piano to produce different tone colors (the proverbial "prepared piano") by 
adding things to the inside, or by striking the strings from the inside with various 
objects. 







THE TRUMPET: The trumpet is quite similar to other brass instruments, and somewhat 
Similar to all wind instruments. The block diagram of the trumpet is shown on the top 
of the next page. The excitation source consists of vibrating lips. The pitch is 
controlled by the tightness of the lips. However, as is indicated, there is a feedback 
mechanism that forces the lips to vibrate only in certain resonant modes. Additional 
vibrational modes are possible by pressing different valves which change the effective 
length of the trumpet tubing. A resonant condition is set up when a standing wave is 
set up in the tube such that there is an antinode at the lips. This antinode changes the 
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TRUMPET 
PROCESSORS 







SOURCE 








Resonant 
Mode 
Feedback 










Amplitude 






'Tightness of 
Lips Air 


Pressure 





CONTROL 


pressure against the lips and allows them to open and close at a rate corresponding 

to the pitch. The player has reasonable control over the amplitude by controlling air 
pressure. However, only weak control over tone color is possible, mainly as a secondary 
effect of amplitude, or by the use of devices such as mutes. The main new feature in 
this block analysis is the feedback loop that forces the instrument to follow certain 
resonant modes. The instrument is monophonic. 


THE VIOLIN: The block diagram of a violin, a typical stringed instrument is shown 
below: 


VIOLIN 


SOURCE ; PROCESSORS 
String Resonant 


Mode Feedback 












Tone Color 
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Etc. 
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Human Hands 


The excitation source is the vibrating string which can be driven by either a bowed 
action or a plucked action. Pitch control is achieved by placement of a finger on the 
string and pressing it to the fingerboard, effectively changing the length of the 
string. As with the wind instruments, there is a feedback loop that forces the 
string to vibrate only in certain modes at certain pitches. It takes a certain length 
of time for this feedback loop to be established and thus certain features appear in 
the attack phase that are not present in the steady state. It is sometimes supposed 
that a string is bowed by a stick-and-slip method in which the string moves with the 
bow according to the coefficient of static friction. When the bow moves far enough 

the tension in the string causes it to snap free and back to a position determined by 
the coefficient of sliding friction. If this were true, the pitch would be determined 
by the velocity of the bow, not be the length of the string. What actually happens 
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is that the vibrating string essentially kicks itself free of the traveling bow, much as 
the pressure antinode at the mouthpiece of the trumpet frees the sealed lips. This means 
that the range of bowing speed and pressure can vary through a substantial range as long 
as the two together are consistent within certain limits with the natural vibration of the 
string. In addition, the string can be bowed at different points along its length, and 
this adds additional possibilities for different sounds. Formant structure is added to 
the output by the various resonances of the violin box, it various component parts, and 
the air inside it. The upper frequency response curves may be very complex. Unlike the 
piano and the trumpet, the player can achieve a relatively wide range of tone color and 
amplitude due to the range of bowing parameters. In addition, some modern composers have 
used the violin in unique ways; for example, the fingers may be drawn along the strings 

to produce an unusual effect. | 


HEARING 


There is really no way in this limited space to discuss much of what is known about 
human hearing and the problems that remain to be investigated. We give here only the 
briefest of overviews. 


Somewhere between musical sounds that exist in the air and the final esthetic 
impression that exists in the human mind lies the hearing mechanism. It consists of -at 
least the two ears, part of the nervous system, and part of the brain. Often we refer to 
all this as "the ear" as in the phrase: "the ear will not detect....." 


The physical ear can be modeled as a sound receptor and detection mechanism. The 
detection mechanism is to be considered in at least some ways as a spectrum analyzer, and 
the time constant of the detection mechanism is something like 50 milliseconds. 


The ear has a wide dynamic range for loudness (in excess of 100 db ) and pitches of 
from 15Hz to about 20,000 Hz can be detected. The ear is much more sensitive to pitch 
variations (0.1%) than it is to amplitude variations (10%). Pitch detection is not 
based entirely on spectral information - neural processing is somehow involved in some 
form of pattern analysis. The ear identifies tone color partly on the basis of spectral 
analysis, but the actual identification of an instrument depends to a large degree on the 
transients in the sound, and not just the tone color. Surprisingly, the ear is relatively 
insensitive to the phase relationship of the components in a complex waveform. 
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INTRODUCTION 


When the outline for this handbook was being prepared, it seemed appropriate to 
have a chapter on the basic principles of musical engineering. It seemed at that time 
that the exact formulation of these basic principles and their proper placement in this 
book would become clear as material was organized. 


Actually, neither the principles or their proper placement in the handbook is 
crystal clear. What is clear is that (1) The principles cannot be presented easily 
without examples. (2) Many of the principles are only now starting to surface as 
methods are tried and evaluated, and (3) The setting up of the principles of musical 
engineering is greatly complicated by musical traditions, subjective evaluations, and 
esthetics. 


It is perhaps these complications that make musical engineering relatively unique. 
While many enjoy the pure objectivity of other fields of engineering, with musical 
engineering we get to piece together knowns and unknowns, sure things and speculation, 
and ultimately use technology for new art forms. 


A formal presentation of the principles of musical engineering is not possible at 
this time. In the actual presentaion below, we will have to settle for a few not quite 
random commests on how the principles seem to be shaping up. Many of these are based 
on personal experiences, lessons learned the hard way, and other such informal but 
effective methods. 
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BASIC GOALS AND PROCEDURES 
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We must remember that the final end product of musical engineering efforts is actual 
music, not the music synthesis system. The most important point in this regard is that 
it really is the case that it is not the equipment, but the way it is used that is important. 
Some types of music do require more elaborate and more accurate systems than other types of 
music, but a $5000 synthesizer is no guarantee of good results. In fact, a complex and 
expensive system in the hands of the beginner may make it difficult for him to make any 
sound at all, let alone music. Many excellent pieces of music have been produced by the 
simplest types of equipment because the user could control it properly and used it in an 
artful manner. 


In the same way, an excellent musical piece should not be credited to the synthesis 
System that produced it. The artist who produced the work may if he wishes acknowledge the 
utility of the system he used, and point out features that perhaps were essential for the 
realization of his music, but the synthesis system itself deserves no direct credit for the 
music it produces. Robert Moog was once giving an elementary talk on synthesizers to a 
group of physicists and played a tape of one of Walter Carlos' transcriptions of Bach. At 
the conclusion of the example, some of the audience began to applaud. This was uncomfortable 
as others wondered if Carlos or perhaps Bach would appear to take the bow. The misconcept- 
ion of those who were clapping was then made clear as someone shouted "Oscillator - Oscillator" 
in the manner in which a composer might be called to take a bow. As laughter died down, 

Moog shouted back "the next time I hear a string quartet I'm going to stand up and shout, 
‘'Cat-Cat'." Unfortunately, the connection, let alone the point, seemed to be missed by most 
of the audience. 


The production of music is a job for a musician, not an engineer. The necessity for 
musical form is something an engineer can appreciate, but it is the musician that must 
realize it. This is not to say that an engineer cannot produce music - just that if he 
does, it is the musician in him that does so, not the engineer. 


THE MUSICAL ENGINEER 


Musical engineers may come to the center ground from either the musical side or the 
engineering side. When a person decides he needs to work in musical engineering, it is 
necessary to evaluate his position to determine what he needs most. Obviously, the answer 
to this question depends on his background, but two general observations can be made by 
observing students who take up courses in electronic music. The musicians in the group 
seem to be fascinated by the sonics of elementary synthesis techniques and produce musical 
pieces with some form, but with basically inferior technique as far as the exploitation of 
the sound synthesis potential is concerned. Engineering types on the other hand often 
produce sensational sonic effects with no sense of musical form. The musician needs to 
gain familiarity with the electronics so that he will feel free enough with it to explore 
new patches and methods. The engineer on the other hand must learn to stop experimenting 
and give some attention to the way sonics can be used to form musical pieces. 


THE UTILITY OF GENERAL PROCEDURES 
It is often the case in musical engineering that a general procedure is successful or 
unsuccessful due to its general nature and independent of the exact details of the procedure. 
In subtractive synthesis, the sweep of a VCF against a rich harmonic waveform is successful. 
I'he procedure is successful independent of the type of filter, the way it is swept, and the 


harmonic waveform against which it is swept. Procedures of additive synthesis often work 
with either sine waves or Walsh functions, the important thing being the general nature of 
the structures that can be produced. By the same token, a procedure that is tried and 
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found to fail often cannot be patched up by some minor adjustment. This is perhaps 
because a successful musical sound must "entertain" the ear to a certain extent and 
whether or not it does this depends to a great degree on the basic structure of the 
system. 


THE PRODUCTION OF SIMILAR SOUNDS 

It often turns out that there are a number of ways of achieving the same basic 
result. For example, non-harmonic sounds can be produced by various methods of 
modulation. When this modulation gets heavy enough, it may be found that different 
modulation methods produce essentially similar sounds. This is important for two 
reasons. First it tells us that there is something essentially the same about the 
results of the methods. In this case, it is the complex structure of sidebands pro- 
duced. The second point is that the designer is then faced with the decision of 
including or excluding a method from his system if the sounds produced by the method 
are similar to those that already exist. 


SYSTEM DESIGN PHILOSOPHY 
ACCURACY AND STABILITY REQUIREMENTS 


Accuracy and stability requirements depend on context. As previously mentioned in 
chapter le on musical acoustics, many traditional instruments are technically inaccurate 
although musically accurate. 


Two examples from electronic music will serve to demonstrate the relation of 
accuracy to context. In chapter 5b on VCO design we will be discussing the design of 
accurate and stable exponential current sources. It turns out that once the VCO is 
scaled properly in its midrange, careful attention to accuracy is required only when 
there are two or more VCO's that have to track, or if the ends of the range have to be 
extended. Stability is required where there is a time reference. Once the first order 
temperature correction is made, drift can be detected only with a reference, when two 
VCO's drift apart, or when a VCO drifts with respect to a prerecorded section. 


As a second example, consider the use of a sawtooth wave. For general electronic 
work, an engineer expects a sawtooth wave to consist of a linear ramp and have a very 
rapid reset to the base line. In musical engineering, there is generally no context 
for a sawtooth wave or any other waveform except possibly the sine wave. The closest 
thing to a sawtooth that appears naturally is probably the motion of a bowed string 
where the string moves with the bow and then snaps free and back down the bow. The 
string cannot snap back instantaneously, even relative to bow speed. Thus the fall is 
more like the waveform at the right. This waveform is 
rich in harmonics, although a few upper harmonics may 
be missing or weak as compared to the sawtooth. The 
point above is not to argue for a sawtooth with slow 
reset time, but to simply point out that for system design there is generally no musical 
reason to prefer one waveform over another. Thus, the engineer can do whatever is 
easiest and results in the best pitch accuracy and stability. If other engineering 
and musical factors are accounted for, there is no reason to insist on perfectly engineer- 
ed waveshapes. The musician will likely fine there is enough variety in a standard set 
of waveforms like the saw, triangle, square, pulse, and sine. A programmable point-by- 
point waveform generator where each point on the waveform is set by a pot and some method 
is employed to smoothen between points is not too useful (although it may be very useful 
aS a programmable envelope generator or a sequencer). The problem with the programmable 
point-by-point generator is that there is no complete and easy way to determine how the 
different levels in the waveform (in time) will affect the output sound that is perceived 
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mainly in terms of spectral content of the waveform. Furthermore, the programmable waveform 
generator is a lot of work to go to for what will probably be minimal improvement - the 
musician may find a standard waveform just as satisfactory. It should never be supposed 
that a programmable waveform generator will make possible all musical sounds unless some 
means of user control is provided that is fast enough and provides some sort of translation 
from the spectral description to the time domain description. [For a discussion of how 
various programmable waveform generators should be approached, see H. Chamberlin, "Comparison 
of Methods for Producing Arbitrary Waveforms and Envelopes," EN#23 (2)]. 


Probably the most useful way of categorizing waveforms is in terms of their total har- 
monic content (%) and their spectral density (all harmonics, missing even harmonics, etc.). 
In this scheme, the table below can be prepared: 


Density > _Low_ High 
: 
None Sine =o 
Low Triangle === 
High Square Saw, Pulse 
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The musical engineer should not be fooled into thinking that he has only to deal with 
the audio range from 15 Hz to 20KHz. Lower frequency signals are of course needed for 
control signals. The question often comes up as to the actual range that is needed for 
any device used in electronic music. The answer is fairly simple - the range should be as 
wide as possible without exceeding the limits of direct or indirect perception by the ear. 


Pitches can be perceived from 15 Hz to 20 KHz, so this is one range to consider for 
VCO's. However, there is no lower limit because the same VCO can be used for slow control 


Signals. Higher limits on the upper side are also used sometimes as various forms of 
frequency division are often employed. This implies that the VCO range really cannot be 
made too wide. This means that exponential VCO's are not just a matter of convenience due 


to the interval nature of music, but for practical control, wide range is possible only 
with an exponential current source. 


Wide range in amplitude can be achieved with transconductance control built into VCA's. 
This range is fortunately comparable to the full dynamic range of the ear. A wide range 
of tone color is largly a matter of making available all standard synthesis techniques and 
at the same time leaving the system flexible so that new methods can be tried. 


Range should be expressly demonstrated to musicians and frequently reviewed. It is 
important that the musician realize that the devices do have wide range and that different 
"effects" result in different parts of the range due to the speed of change relative to 
time constants of the ear. 
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It is easy to design sound synthesis schemes with the possibility of extreme complexity. 
Digital computer point-by-point synthesis is a good example. It is also necessary, however, 
to provide control over the complexity of the system or it is all useless. De facto control 
is the minimum requirement - in most cases the control must be provided of a well defined, 
user oriented nature. If control of complexity is available, but not in a user oriented 
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form, the excess complexity will be wasted and may even hinder the user. The digital 
point-by-point method demonstrates uncontrolled complexity. Complete control over extreme 
complexity is implied by the very nature of the method, but it is not in a user oriented 
form. There is no translation from the sound in the composers mind to the point—-by-point 
waveform that corresponds to it. To make the computer work at all, some form of program 
must be used. All possible complexity not covered by the program is wasted. What most of 
today's music programs give is roughly the equivalent of an analog synthesizer with a few 
advantages, but with the disadvantages of added expense (initial and continual operating) 
and inability to work in real time. An analog synthesizer on the other hand requires a 
certain amount of experimentation to get the desired sounds, but working time is relatively 
inexpensive and is in real time. The computer control of point-by-point synthesis is 
better suited for research situations where new structures and control means can be 
simulated without having to build hardware. 


As a basic guide to the degree of complexity that is needed, available, and control- 
lable, the musical engineer can compare with examples and models. Useful material to 
help with this determination can be found by studying traditional instruments, successful 
electronic instruments, information theory, and psychoacoustics. 


COMMUNICATIONS BETWEEN MUSICIANS AND ENGINEERS 


It is essential that musicians and engineers learn to communicate. It is therefore 
desirable that they learn a good deal about each other's fields. Beyond this, communi- 
cation requires the ability to ask the right question in the right way. 


WHAT DOES THE MUSICIAN REALLY NEED? 

Only the musician can answer this. But the engineer must ask the question in terms 
more specific than the question in the above title. For example, considering the range 
of the VCO, he might ask if the musician needs a range below 15 Hz. Since this can't be 
heard directly, the musician might assume he doesn't need it. Unless told, the musician 
May not realize that it is possible to use one oscillator to control another. Why should 
he know? Once shown that lower frequencies are useful as controls, he will be ina 


better position to know if he wants them. The engineer must continue to probe - "Would 
you use ....?"', "Do you need....?", etc, and make sure the musician understands the 
implications of the devices being discussed. On the other hand, the engineer must be 


able to do at least a "first order" musical evaluation himself so that too much time is 
not wasted going over ground which the musician feels has already been covered or is of no 
musical importance. 


Two schools of thought appear at this point: One says that things should be kept as 
general as possible. A second says that since there are usually several ways of doing the 
Same general sort of thing, why make available more than one? This is really an individ- 
ual decision that has to be made. In some cases the musician is only confused and hinder- 
ed by multiple methods - for some types of music, only a small bag of tricks is required. 
Other musicians will need the elbow room of complete generality as a matter of psycho- 
logical preparation for their work. The engineer must take considerable care to see that 
the musician understands the implications of such decisions on system operation. 


Particular care must be taken to indicate that if a synthesizer is not prepatched, 
all but the very smallest have a potential for unique patches that may never have been 
tried by anyone. It is very easy for the musician to assume that there are certain ways 
of putting the system together, and that if other things were possible and useful, the 
engineer would tell him about them. The engineer should therefore stress the fact that 
there are many untried patches possible, and that control setting may further expand the 
potential. The musician must be told he is free to experiment. 
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THE MUSICAL ENGINEER MUST OFTEN DEMONSTRATE THE SONICS 


Ceara cee teeene cto netmenenemnenenmeemnneen  ereenrnereeteereemeemnmnmmemmnemmmnmnanenenen eran ee 


Many composers conceive pieces in terms of sounds they know. For them, it is 
apparently less frustrating to work with known sounds than to have a sound in their head 


and no way of realizing it. There is nothing wrong with this and the engineer should not 
try to interfere once the work has been conceived. I once worked with a composer who had 
a section of the score marked "sawtooth wave". I knew of course that he really meant 


something like a sawtooth and would not want to work with something so simple. He wanted 
the sawtooth unaltered, and musically that is what he had to use. He knew the sound and 
wanted it that way. 





When working with this type of composer, it is necessary to put the equipment through 
its paces as a demonstration. If this type of composer does experiment, his experimentat- 
ion may tend to follow certain lines. He will learn new sounds from other musicians and 
engineers. It may be the case that his own inititive may have been stifled by unfamiliar- 
ity with the equipment or fear of doing the "wrong thing" when such wrong thing probably 
do not exist. Such composers will often ask the engineer how to make a certain type of 
sound and play a passage from some recorded work produced by someone else. In order to 
answer the question, the engineer himself must have done a lot of experimenting and careful 
listening. I once was asked how to make one type of sound and spent about an hour trying 
to achieve it with a VCF. It was simple pulse-width modulation which I did not recognize 
until some time later. 


It is easy for the engineer to slip into a state where things are so familiar that 
the fundamental principle is forgotten - just as a native English speaker may use perfect 
grammer and yet retain no knowledge at all of the rules of grammer. Scott Wedge tells of 
the time he was demonstrating a synthesizer and was speaking of connecting modules with 
patch cords. Sometime during the discussion,confusion was apparent and he was struck with 
the realization that it was because modules have inputs and outputs and that inputs are 
different from outputs. After conveying this idea, the listeners were able to conceive 
of the idea of signal flow from one point to another, and understand what Scott was telling 
them. This means that the engineer must be clear in his own mind about what the fundamental 
principles are, and start at the beginning, and generally it would be a good idea to deter- 
mine approximately what the musicians knowledge of electronics is. This can be done with 
a few "trial balloons" and watching the musicians faces, or be saying something to the 
effect of, "Stop me if you've heard this one before." This is a good idea because it 
avoids the embarassment of starting with your "this is a wire" speech and then being asked 
how you do second order temperature compensation of your exponential current sources! 


Another thing to bear in mind is that musicians and engineers do have a common lang- 
uage -— ordinary everyday speech. This can be most useful. For example if the musician 
wants something that sounds like a barking dog, but is afraid to ask, he might try to speak 
the engineer's language and ask for certain mixtures of noise and resonant filters, etc. 

Or he might try to explain the sound in suitable intellectual terms from a musical angle. 
If he just asks for a dog, he has a better chance of getting a dog. 
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CHAPTER 2a 


SUBTRACTIVE SYNTHESIS 


CONTENTS: 
Introduction 
Harmonic Content of Waveforms 
Amplitude and Harmonic Content Alteration 
A Basic Subtractive Synthesis Patch 
Subtractive Synthesis Using a Noise Source 
Filter Ringing 


INTRODUCTION 


The basic principle of sound synthesis that has been employed for the last 


ten years is that of "subtractive Synthesis." Simply stated, the method is to 
start with an electrical waveform that is rich in the features that we want to use 
for musical sounds, and break it down and use those features we want. This can 


be compared with the method of "additive synthesis" to be discussed in the next 
chapter. In additive synthesis, a waveform is built up from component parts. 


As an example of subtractive synthesis, we might start with a waveform 
that is rich in harmonics and witha standard (i.e. largest ever used in the 
system) amplitude. We can then select certain components of the waveform by 
filtering, and select and control the amplitude by controlled attenuation. 


An important feature of subtractive synthesis as it is used tcday is the 
principle of voltage control. That is, we make our filters and amplifiers 
(attenuators) vary in response to a voltage control input. The control voltages 
that can be used are typically grouped into three categories: 


1) Control voltages from manual controllers such as keyboards which 
give the musician note-by-note control over the output. 


2) Control envelopes produced by envelope generators. These are voltage 
contours that result when appropriate timing signals are recivied by 
the envelope generator. They go through one cycle and then wait for 
the timing signals to reoccur. 


3) Periodic modulating voltages. Modulation will be discussed in 
Chapter 2c. 
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HARMONIC CONTENT OF WAVEFORMS 


The usual waveforms available from VCO's include the sine, square, triangle. 


sawtooth, and variable pulse. 


Of these, the sine has no overtones, the square 


and triangle have only odd harmonics, and the sawtooth and pulse are the richest 


in harmonics. 
series analysis. 
such as the above 


The harmonic content is obtained from the well known Fourier 


It is perhaps surprising that even a small set of waveforms 
5 will serve well for producing a wide variety of musical 


tones. 
band spectrum containing a:continuous set of frequencies. 


Below are the Fourier series of the common waveforms. 


the outputs of a half-wave and a full-wave rectifier with a sinewave input. 


Another source that can be used to advantage is the noise source ( a wide- 


We have added to the list also 
These latter 


waveforms are added because they are easy to obtain and because unlike the other common 


waveforms, these two have only even harmonics: 
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The important things to remember are that the square and the triangle have the same 
harmonics, but the triangle has less total harmonic content (the square’s harmonics fall 
off as 1/n while the triangle's harmonics fall off as 1/n?). The sawtooth has all 
harmonics and they fall off as 1/n. The pulse has all harmonics which fall under a 
Sin(x)/x type of envelope that depends on the pulse width. In particular, for a pulse 
width of 1/m, where m is an integer, every mth harmonic is missing from the spectrum. 


The square is a special case of the pulse. Note also the DC components in the rectified 
sine waves - that's what rectifiers are for. While all the phases are set as either 
sines or cosines, the actual phase is relatively unimportant. The phase makes little 


difference as far as the sound is concerned although the waveshape will be changed. 


AMPLITUDE AND HARMONIC CONTENT ALTERATION 


A voltage-controlled amplifier (VCA) is actually a voltage-controlled attenuator 
since it passes signals with a gain from zero to one in response to a control voltage. 
To control the amplitude of the sound we are synthesizing, an envelope is applied to 
the VCA control. The envelope starts from zero 
(defining the start of the tone) and ends back at 
zero (the end of the tone). During the time that 
the envelope is not zero, the amplitude control 
can take on a wide variety of shapes. The most 
popular envelope shape is the ADSR (attack, decay, 
sustain and release). A VCA controlled by an ADSR 
envelope is shown at the right. For convenience, 
exponential ramps are used for envelopes, as these 
are easily implemented as charging and discharg- 
ing capacitors. It turns out that a wide variety 





of upslopes are acceptable as attacks. The AD part VCA WITH ADSR ENVELOPE 
of the ADSR envelope is useful as a sharp percussive 

envelope. On the other hand, there seems to be a we 

strong preference for the exponential decay as a 
opposed to any other form. This is reasonable AD ENVELOPE 

when you consider that many traditional instruments 

have something very close to exponential decay. Other Petia © 
types of envelopes that are often used are the AD anny eect oe aero 
(Attack-decay) and the AR (attack-release) which AR ENVELOPE 


can be seen to be limiting cases of the ADSR. 


In addition to amplitude shaping, the tone color is also altered to some degree 
by the attack and decay transients. When the amplitude level is changing, it is 
easy to see that even a pure tone sinewave input will be altered. 

For example, a rising amplitude level would cause a sinusoidal 
waveshape to be altered slightly as indicated at the right. 
This is a general result — only tones with unaltered amplitude 
can have a spectrum given by the Fourier series. 


The small change of tone color due to amplitude change is incidental to the amplitude 
control procedure. The main mechanism of tone color control is the voltage-controlled 
filter (VCF). The most popular VCF's are the 4-pole low-pass, 4-pole high-pass, and 
the state variable, which offers a 2-pole response with low-pass, high-pass, and band- 
pass outputs. Other types of filters can be used as well. Generally it is the filter's 
center frequency that is swept by the control voltage, but other parameters like filter 
Q and roll-off slope can be voltage-controlled. 


In general, VCF's are controlled by ADSR envelopes since these envelopes are avail- 
able. There is however, no real reason to prefer this type of shape for a filter 
control envelope. In many cases however, it may not be possible to tell the difference 
between the ADSR filter control and some similar shapes - the important thing seems to 


be the time constants of the envelope. 
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VCF's like all filters have a phase response as well as a frequency response. We 
often assume that a VCF simply alters the amplitude of the Fourier components of the 
waveform without making any other changes. It turns out that this is actually quite 
close to what the ear actually receives, since the ear is relatively (but not absolutely) 
insensitive to phase changes among the components of a complex wave. Even if we ignore 
phase for the moment, it is clear that the removal of some components by the filter will 
alter the amplitude of the output waveform. Thus the VCF is also to a degree an amp li- 


tude control device. However, for practical purposes, this amplitude variation is 
usually not important. First of all, the ear requires something like a 10% change 

in amplitude to even notice, and total harmonic content will often be only several 
times this value. Secondly, the apparent amplitude is often a function of the harmonit 
content. This can be demonstrated by comparing a sine wave and a sawtooth wave of the 
same amplitude and frequency. The sawtooth will seem much louder. The VCF becomes 

a noticeable amplitude control when it starts to cut through the fundamental frequency. 
In this case, it may act like a VCA for sine waves since it is altering only the fund- 
amental component. Many synthesizer users may be fooled at some time by a filter 
frequency that is set so low that either nothing gets through, or there is only a short 
"blip" when the envelope reaches its peak. 


Phase effects in filters become apparent in two cases. The first is when the wave- 
form is displayed on an oscilloscope. By lowering the cutoff frequency of a low-pass 
filter with a square wave ae for example, one might expect to see a waveform that 
shows only a limited number,components remaining (e.g., the first and third). In fact, 
the resulting waveform will in general not resemble the theoretical square wave with 
higher components removed due to phase shift of the components in the filter. This 
phase shift is a function of frequency, and therefore each of the components is shifted 
by a different amount, and the waveshape is altered. It is only when the filter low- 
pass cutoff reaches the region between the fundamental and the 3rd harmonic that the 
fundamental sinewave is isolated and the expected waveshape is seen on the screen. To 
isolate individual harmonics, a sharp bandpass filter can be used. This is a common 
demonstration, but is often confused by "ringing" of the filter that is mistaken for 
actual harmonic content. Ringing can be seen since the frequency of the ringing varies 
with the filter frequency, not with the square wave input frequency. The demonstration 
of the presence of harmonics should be inferred from the presence of amplitude peaks in 
the filter output as the filter frequency is changed, not by the waveshape on the screen. 


A second case where phase of the filter is important is where the filter's frequency 


is altered rapidly so that the output is subject to detectable phase modulation. This 
effect will be discussed in chapter 2c. 


A BASIC SUBTRACTIVE SYNTHESIS PATCH 


A very basic subtractive synthesis patch is shown below: 








CONTROLLER 





ENVELOPE 
GENERATORS 






The VCO is controlled by the main control voltage from the controller and this same volt- 
age also causes the filter to track. This means that in the absense of an envelope to 
the VCF, the waveform at the output of the VCF will have a constant shape as the voltage 
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from the controller goes up and down. This results in a constant tone color. However, 
in addition to the main control voltage, the VCF is also controlled by an envelope, and 
this causes an alteration of the main tone color as a single note progresses. The 
envelope to the VCF is responsible for the familiar yywwoO°°ow,, sound associated with 
much of the music produced on synthesizers today. The last module in the line is the VCA. 
It is controlled by the amplitude envelope and defines the beginning and end of the tone. 
Placement of the VCA and VCF processors is somewhat arbitrary. There is some difference 
because if the VCA is placed first, the transient response of the filter is involved. 
Generally the VCA is put second as shown above because it shuts offthe signal completely, 
including any noise in the output of the filter. 


SUBTRACTIVE SYNTHESIS USING A NOISE SOURCE 


Another useful patch replaces the VCO with a white noise source, sets the filter for 
a sharp Q as a bandpass (or sharp corner peaking for a low-pass) and removes the control 


envelope from the VCF: 
NOISE 
SOURCE 






CONTROLLER 











ENVELOPE 
GENERATORS 


In this patch, a narrow band of white noise is allowed to pass through the filter according 
to the control voltage to the VCF. The process that results can be viewed in two ways. 

In a sense, the white noise is being filtered and frequency components in the range of 

the pass band of the filter are being allowed through. This results in a narrow band 

of frequencies with a moderate sense of pitch center, depending on the Q of the filter. 

It is also possible to think of the noise as exciting the filter into ringing. The 

filter thus responds to a series of random impulses. In either interpretation, the 

pitch center is easily made strong enough to carry a melody. 


FILTER RINGING 


This technique is similar to subtractive synthesis although strictly speaking it 
belongs to a class more properly termed resonant synthesis. It can be thought of as a 
special case of noise excitation where a single noise spike is used. 


The high Q filter used above can be excited by a single impulse. The impulse 
can be the trigger from the keyboard as seen below: 


CONTROLLER 


The energy input to the filter by the impulse damps out causing the filter to ring. 

A VCA can be used to control amplitude, but the system can be used to provide its own 
envelope, as the ringing damps out exponentially. This results in a characteristic 
"raindrop" or popping sound. 





c.yv, 
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CHAPTER 2B 


ADDITIVE SYNTHESIS 
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Construction of Source Banks 


INTRODUCTION 


It is conceptually simpler to obtain a desired result by assembling a necessary 
set of components rather than by starting with an excessively large set of components 
and discarding unwanted ones. Thus, additive synthesis is conceptually simpler than 
subtractive synthesis. We have considered subtractive synthesis first because it is 
more familiar and the hardware is often simpler. Additive synthesis is perhaps more 
general and is becoming more popular and practical. 


COMPARISON OF ADDITIVE AND SUBTRACTIVE SYNTHESIS 


The basic idea of additive synthesis is to first make available a large number of 
sources and group them into what is called a source bank. We can consider the source 
bank to consist of a large number of sinewaves, or any other group of sounds that proves 
to be useful arfd convenient. These sources are then mixed together in a time varying 
proportion to produce a time varying sound. In this way, harmonic structure can be 
made to vary with VCA's rather than with VCF's. It is possible to consider a roughly 
equivalent set of additive and subtractive synthesis methods. The two setups are 
shown at the top of the next page. The subtractive synthesis scheme is the standard 
one discussed in the last chapter. The additive synthesis scheme consists of a bank of 
VCO's each with its own VCA and envelope. Note that there is no overall VCA and envelope 
for amplitude control. This is not needed because when all the envelopes are low, the 
sum of the outputs is low. If all the envelopes are the same, there is no time dependent 
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change of tone color. The two above techniques are roughly equivalent. The subtractive 
synthesis scheme would be preferred on the basis of simplicity in this case. Either system 
has a major problem in that the resulting sound is too exact - the harmonic relationship is 
too precise. In subtractive synthesis, additional non-harmonic tones can be added by 
modulation techniques. In additive synthesis, they can be added directly. 


THE ROLE OF PHASE IN ADDITIVE SYNTHESIS 


The role of phase in waveform generation was discussed by Hal Chamberlin in EN#25. 
The addition of the first and third harmonics can be done in phase or out of phase as 
shown below: 





Vere FP 
; 4 , 
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Even in this simple example, it is clear that the shift of phase has a large effect 
on the shape of the waveform. It is a surprising result that the ear is relatively 
insensitive to this change of phase. In cases where such a waveform is played into an 
open room so that much of the sound that reaches the ear is indirect, it is most 
difficult to tell the difference between the two. If played directly to the ears 
through earphones, it may be possible to tell a small difference. Obviously, this is 
of profound importance in the construction of source banks since we may be able to use 
only sine waves for example, and forget about the corresponding set of cosines. This 
result can be understood when we consider that the ear is in some sense a Fourier 
spectrum (power) analyzer. 


As a second example, Chamberlin showed the sums of the first 16 sines and cosines, 
as well as a random phase arrangement of the first 16 Fourier components, all of equal 


amplitude. The three sound alike in an open room, and nearly so with earphones. The 
waveforms are shown below: 
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ADDITION OF NON-HARMONICS 





The source bank for additive synthesis may consist of any group of sounds, so it 
is possible to have any grouping of harmonics and non-harmonics, noise, or whatever. 
In general, the easy ways of producing a bank of harmonics locks the available harmonics 
at integer ratios as a result of direct waveshaping, or due to digital counting. Thus, 
special techniques may have to be employed to produce non-harmonic tones. 


It is relatively easy with digital methods of producing harmonic source banks to 
add in non-integer dividers. A second technique which can be used is to have several 
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source banks driven by different clocks. Waveforms can be selected from among the 
different banks. Finally, a number of modulation techniques can be applied to 
modulate the entire source bank. It will in general be necessary to provide some means 
of achieving non-harmonic tones if a wide variety of sounds are desired. 


SOURCE BANKS 


As mentioned above, there are no real rules about what can go into a source bank. 
Obvious choices are sine waves, but these are not easy to generate ina large set. One 
method that can be tried is to start with a single sinewave (cosine) and use multipliers 
and summers to realize identities of the form: 


Cos 2x = 2 Cos*x - 1 

Cos 3x = 4 Cos?x - 3 Cos x 

Cos 4x = 8 Cos'x - 8 Cos?x + 1 

Cos 5x = 16 Cos°x - 20 Cos3x + 5 Cos x 

Cos 6x = 32 Cos®x - 48 Cos'x + 18 Cos?x -1 


A similar set is possible for a bank of Sin functions, but this requires a Sin x and a 
Cos x basis. For complete generality, it is necessary to have both Sin and Cos functions 
in a Fourier synthesis scheme. However, as mentioned above, the phase of the harmonics 
is of secondary importance, so a single phase bank is a reasonable choice. The main 
problem with the above method is the difficulty of trimming the multipliers and summers. 
It is not practical to extend the scheme too far. 


A digital sinewave generation method that gives 32 harmonics with nearly continuous 
phase selection has been described [H. Chamberlin, EN#39 and AES Preprint #1023 (E-4) 
May 1975]. It is likely that the method could be extended to give non-harmonic tones 
as well. 


A second set of functions for a source bank that can be considered is a set of 
Square waves or other rectangular functions formed by using digital dividers. A variety 
of waveforms can be tried. The easiest set is the square wave "subharmonics" that are 
formed by dividing down an oscillator. In such a case, the subharmonics are not in 
general harmonically related [see J. Ball, "The Digital Divider in Music Synthesis," 
EN#34 (8)]. There exists a simple set of rectangular functions called the "Walsh 


Functions" that have the property (like Fourier harmonics) of being a complete set in 
the mathematical sense. A report on the use of Walsh functions can be found in the 
reference papers in chapter 9d. Non-harmonic tones can be produced with the Walsh 


functions by the method shown in the reference. One remaining problem with the digital 
counting methods is that they are all locked to the single driving oscillator. This means 
that the "ensemble" effect is still absent. Ensemble effects result from minor variations 
as oscillators drift in and out of phase. For this reason, it is often useful to have 
several source banks driven by different oscillators. 


It may be possible to do a limited amount of additive synthesis on a large synthesizer 
that is primarily intended for subtractive synthesis. If three or more VCA's and three or 
more envelope generators are available in addition to a mixer, any available oscillators 
can be used as a source bank for experiments in additive synthesis. 
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CHAPTER 2C 


GENERALIZED MODULATION 
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Frequency Modulation 
Formant Modulation 
Pulse Modulation 


Time Sampling 


INTRODUCTION: 


A single electronic oscillator produces an inherently uninteresting sound*. 
The sound is too perfect and regular. Even when modes of user control are provided 
to give some variation, this may prove insufficient for extended musical tones which 
require subtle changes. To provide a variety of musical structures and timberal 
developments, it is necessary to alter or process the oscillator output in some 
manner. Generally, the exact parameters of the processing are made to vary in time, 
and this often leads to different regimes (and different terms for the sonic "effects 
that result) according to the time constants of the change. This is because the ear 
which is the final receiver has its own time constants for signal detection. Of 
course, the mathematics of the processing does not change with a different time 
constant of the processing parameters. The electrical processing is objective. 
It is the subjective effect of the processed signal on the hearing mechanism that 
causes a different effect to be described. 

*since the term "inherently uninteresting sound" is controversial, I should add 

that I have in mind waveforms of low or static information content that are 

not interesting to the ear as sounds. Any sound when properly used may be 

musically interesting. 


tf" 
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A good example of what we are getting at is frequency modulation - the control of 
a VCO output frequency with a periodic waveform. At a modulation frequency of 0.1 Hz, 
the ear clearly follows the rise and fall of the pitch (a siren effect). At 10 Hz, the 
effect is close to a musical vibrato. At 1000 Hz, a complex, generally inharmonic 
spectrum results that is useful for bell-like and other percussive sounds. The math- 
ematics is the same in all cases, at least to the point where the sound reaches the ear. 


The FM example further points out the need to explore the full range of any 
control or modulating parameter for musical usefulness . The fact that many of these 
Signal processing devices respond to control signals that are faster or more complex 
than those that can be produced with manual control leads to the need for voltage 
control of the processing parameters, 


Processing of signals can be done in many ways and it is useful to have a general 
theory for these since there are many similarities. This is particularly true of what 
we may refer to as the general type of sounds that can be produced for different 
types of processing with similar control signals. For example, rapid and deep modulation 
by different processes tends to produce the same types of sound. We can group these 
signal processing techniques into three categories as follows: 


1) Those which involve the interaction of two or more signals 
without one being considered the signal and the other the control. 
[e.g., linear mixing and balanced ("ring") modulation]. 


2) Those which result from the application of a control signal to the 
signal producing device itself. [i.e., types of frequency modulation]. 


3) Those which involve the processing of one signal by applying a 
control signal to some device external to the signal producing device. 
[e.g., AM, formant modulation, sampling, PWM]. 


We will refer to the above as "generalized modulations." One point should be made 
right away: while we often modulate, we seldom demodulate. The modulated signal is 
presented directly to the ear. This means that often lost information and/or 
extraneous information may not be at all important as far as the musical sounds are 
concerned, and the actual engineering of the modulator can be relaxed or simplified. 


Much of what we do below relies on trig identities. It should be realized that 
these identities are correct and when we realize a trig operation electronically, the 
output will be correct to the accuracy of the electronics. Often we will find that one 
Side of the identity gives us what we need to know about the spectrum while the other 
side tells us more about what the ear will actually hear. Both are useful. In many 
cases, we simply look at processing from the point of a single sinewave input, and 
handle complex waveforms by the principle of superposition. This is generally valid 
and useful, but it should be remembered that phase relationships between the components 
should be considered to see if they are important. Often they are not. Finally, we 
often choose sines or cosines somewhat at random. If you have worked much with trig 
identities, you know that these choices are usually not important and everything has 
a way of working itself out. This is of course a matter of initial phase and is only 
important where there is a reference phase to consider. 


We have included in this chapter several processes that are usually not considered 
as standard types of modulation. This has been done since analysis of these devices 
fits in nicely with modulations, and because the sounds produced may be similar to 
those produced by modulations. 
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ADDITION OF SIGNALS (LINEAR MIXING) 


What happens when we add two sinewaves of different frequency but of the same 
amplitude? This is a common situation - for example when two standard 1000 ohm 
outputs are mixed by plugging both into a multiple. For this analysis, we have 
only to look at the trig identity 

Sin A + Sin B = 2-Sin ae Cos a 
Note that the left side of the identity tells us all we need to know about the 
spectrum of the combined:signal. Thus, no new spectral features are added by 
linear mixing. We look at the right side of the equation because it often tells 
us better what the ear will actually hear. 


Suppose first that A=wt and B is slightly smaller (w - 6)t where d<<w. 
Then the right side of the trig identity becomes: 


2-Sin(w -— 6/2)t*Cos(6/2)t 


What the ear hears is a tone Sin(w - 6/2)t, the average frequency, with its 

amplitude modulated by the term Cos(6/2)t. This is the phenomenon of "beating." 
Beating is usually described as an amplitude variation of the average frequency 

at a rate that depends on the difference frequency. The formula above clearly 

shows how the average frequency comes in (w - 6/2), but the multiplying term is 

6/2, half the difference, not 6. The apparent descrep ncy between the usual musical 
description and the mathematics is easily resolved by considering that you get two 
maxima in amplitude, one positive and one negative, for each cycle of Cos(6/2). 
Since Cos(6/2) is actually the "envelope" of the combined signal, there are two 
amplitude peaks for each cycle of the modulating term. 


When the two sinewaves being added have a frequency difference in the range 
of 10 - 15 Hz, the beating sensation becomes so rapid that the ear can no longer 
follow the amplitude variations clearly. The sound in this case is described as 
having the quality of roughness. This roughness continues until the ratio of 
frequency reaches what is called a "critical band" at which time, the two tones 
are heard separately and the sensation is one of smoothness. This critical 
bandwidth varies with frequency and with the individual, but is on the order of 
a minor third (ratio 6:5). It should be mentioned that the two tones can be 
heard as separate tones below the critical bandwidth, but with roughness. 


Above the critical bandwidth, the sensation is generally one of smoothness. 
However, as the difference frequency increases, several additional effects come 
in which cause the listener to hear other tones. These are caused by the non- 
linearity of the ear for large amplitude signals and by the ability of the ear 
to perceive pitch as an overall repetition rate as well as from spectral infor- 
mation. Also, for certain small regions, where the two tones are close to a 
small integer ratio, "second order beats'' can be heard. The second order beats 
are quite different from first order beats: (1) There are no large amplitude 
variations (restricted to 10% or less). (2) The second order beat effect is 
binaural - the effect is still heard when the tones are applied to separate 
ears. This is not true of first order beats. The conclusion is that the 
first order beats are due to an ear mechanism; second order beats are due to an 
ear-brain mechanism. (3) If the second tone differs from an integer multiple 
by an amount €, the beat rate goes as € multiplied by the denominator of the 
fraction expressing the integer ratio. For example, for a mistuned fifth (close 
to 3/2, the beat rate is 2e. For a mistuned octave (close to 2/1) the beat rate 
is e€. For a mistuned fourth (close to 4/3), it is 3e. 
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Next we can look at the addition of two sinewaves of the same frequency but of 
different phase. This is really just a simple vector addition, and often a simple 
eraphical construction is the easiest. The trig development however is as follows: 


A, Cos (ut + $5) +A 


Cos(wt + $5) = A,Cos(wt + $,) 


where: 


1/2 
Cos 6)? + (A,Sing + A,Sin 6,)*] 


A, = {(A,Cos 6, +A, 
b= Tan 2 A, Sin o1 + A,Sin >» 
A, Cos b4 + A,Cos b» 


The most important point brought out by these formulas is that as long as the frequencies 
of the components are the same, the result is a "sinusoidal" waveform with a different 
amplitude and phase. Thus, even in cases where it is possible to hold the frequencies 
equal to avoid beating, the mixing of sinewaves gives nothing new for the ear to hear. 

The technique of mixing sinusoidals is useful where it is necessary to realize a certain 
relative phase by mixing two known phases, usually quadrature phases. For example, 
mixing two components that are 90° out of phase gives a 45° phasein betweenwith an 
amplitude ¥Y2 times the original amplitude. The equations are also useful for generating 

a "three phase" signal (120° apart) from quadrature signals. These phases are often used 
to realize other trig identities where relative phase is important. 


The most general case is where we assume that both frequencies and amplitude are 
different. It is not necessary in this case to consider different phases, as this only 
determines a starting point in time, and we can always shift this time axis. In this 
case, the trig development leads to: 


A, Cos wt + A,Cos wat = A, (t) Cos[w,t + o(t)] 


where: 1/2 
= 2 - 2 
A, (t) 1A, + 2 A,A,Cos(w, - w,)t + A, t 
g(t) _ Tan’ = A,Sin(w, - w,)t 
A) + A,Cos(w, - wt 


The fact that the frequencies are different therefore (as expected) leads to a more 
dynamic waveform since both amplitude and phase of the output are functions of time. 
The waveform is not sinusoidal even though it is represented as a Cos term. This is 
due to the time changes in the amplitude and phase. In particular, the time rate of 
change of phase is effectively an instantaneous frequency: 


ee do(t)/dt 
The superposition is thus very similar to modulation since both phase and amplitude 
change at a rate given by the difference frequency Wy ~ Wy> 


Note that the simple addition of sinewaves considered in the first part of this 
discussion is a simple case of the above formulas. Also, we shall note later that 
the close connection between superposition of sinewaves and modulation is no accident 
as the modulation processes usually lead to a set of discrete sinewaves in the 
spectrum. These are referred to as sidebands. 
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We have considered above the mixing of sine waves. What happens if we mix two 
complex waveforms? Consider for example the sawtooth with Fourier series: 


=< 


aed n 
f(t) = 2 ec ae Sin nut 
nN 
n=1 


2 Sin wt - Sin 2wt + (2/3)Sin 3wt - 
If a second sawtooth has frequency wtd , its Fourier series is: 

f'(t) = 2 Sin(wtd)t - Sin(2wt26)t + (2/3)Sin(3wt35)t - .... 
The sum of the two sawtooth waves is thus: 


F(t) + £'(t) 


2{[Sin wt + Sin(wtd)t] 
-[Sin 2wt + Sin (2wt26)t] 


+(2/3) [Sin 3wt + Sin(3wt36)t] -...... 


2{2 Sin@ - 6/2)t Cos(6/2)t] 
-[2 Sin(2w-6)t Cos(é)t] 


+(2/3)[2 Sin(3w - 36/2)t Cos(36/2)t] - .... 


Each of the overtones in one sawtooth wave beat against the corresponding overtone 
of the second. The beat rate is 6 times the order of the harmonic. 


In the case of beating sinewaves, we saw that the beat rate resulted in periodic 
amplitude variations. We saw that the beating resulted in annoying amplitude changes 
and that if special provisions are made to assure that beating does not occur, all 
that results anyway is another sinusiodal wave. Thus, the mixing of sinewaves is 
not a useful way of producing new sounds. 


Thus, we can ask about the mixing of sawtooth waves as a useful method of 
producing new timbres. Experimentally, we note that the mixing results in the 
beating of overtones at different rates, and this does produce a richer timbre. 
Secondly, the beating does not produce annoying amplitude variations. It is also 
useful to mix a sawtooth with an inverted sawtooth. This results in a pulse 
waveform, and beating is equivalent to pulse width modulation. Addition and 
subtraction of sawtooth waves are shown below: 


Saueoutn- ak.” ee [ee Le 
Sawtooth B ee eee ee | ee 





In the subtraction of sawtooth waves, it is often felt that amplitude variations will 
occur since it is possible for one sawtooth wave to completely cancel the other. It is 
true that a zero in the combined amplitude will result, but the important thing is not 
the zero, but the way the amplitude goes to zero. In the case of sinewaves, the amplitude 
goes to zero slowly, and builds up again slowly. In the case of the sawtooth, we saw that 
subtraction resulted in a pulse waveform. If this is examined carefully, it will be seen 
that the duty cycle of the pulse varies between 0 and 100%. The zeros in the amplitude of 
the combined sawtooth waves correspond to the O and 100% extremes of the PWM. The zero 
amplitude is therefore present only instantaneously and is not detected. It can be seen 
that this happens because the sawtooth has a sudden jump. In general, we can look at 
other waveforms to see if beating causes annoying amplitude variations. The table below 
summarizes the information on the waveforms: 


HARMONICS SHARP DIFFERENT INVERTED ANNOYING BEAT 
WAVEFORM HARMONICS GO AS TRANSITIONS? EXCEPT PHASE? AMPLITUDE CHANGES? 
Sine f -- No No Yes 
Triangle £38 eDiets Lae No No Yes 
Square £5. is, Di ees 1/n Yes No No 
Sawtooth Ps. be. Seas 1/n Yes Yes No 


Thus we can see that the important factor for avoiding annoying amplitude variations 
during beating is to use a waveform that has sharp transitions (vertical sides). 


MULTIPLICATION OF SIGNALS (BALANCED OR “RING” MODULATION) 


The basic equation of interest for multiplication of Signals is basically just the 
inverse of the one used for addition of two sinewaves of the same amplitude: 


Sin A - Sin B = (1/2)[Cos(A-B) - Cos(A+B) ] 
That is, two sinewaves multiplied split into two "sidebands" at the sum and difference 


frequencies. Thus, we can see the following correspondence between addition and 
multiplication of sinewaves: 


PROCESSING OUTPUT DESCRIPTION 

















ADDITION OF 
TWO SINEWAVES 
(LINEAR MIXING) 


BEATING OF AVERAGE 
FREQ. AT DIFFERENCE FREQ. 
(PRODUCT OF SINEWAVES) 






MULTIPLICATION OF 
TWO SINEWAVES 
(BALANCED MODULATION) 


UPPER AND LOWER SIDEBANDS 





AT SUM AND DIFFERENCE FREQ. 
(SUM OF SINEWAVES) 





Thus there is a strong correspondence between linear mixing and balanced 
modulation. In fact, given a stationary portion of the output of either device 
it is difficult to guess which device is being used. It is when one of the input 
frequencies is changed that it becomes possible to tell the difference. Consider 
for example two sinewaves of 400 Hz and 500 Hz. Linear mixing results in a 450 
Hz output beating at 100 Hz. Multiplication results in sidebands of 100 Hz and 
900 Hz. The linear combination could have been produced by the multiplication 
of a 450 Hz sinewave and a 50 Hz sinewave. Likewise, the multiplier output could 
have been simply the linear mix of a 100 Hz sinewave with a 900 Hz sinewave. 


In balanced modulation, it makes no difference which of the two signals is 
considered the "signal" and which is the "carrier." It is the usual case that 
the higher frequency is considered the carrier, e.g. 


Carrier 1000 Hz 1000-100 = 900 Hz 


[ Gives Sidebands -> ) 


Signal 100 Hz 1000+100 = 1100 Hz 
But we can just as well use: 
Carrier 100 Hz 100-1000 = -—900 Hz 


¢ Gives Sidebands => a = 1100 Hz 


Signal 1000 Hz 


The -—900 Hz frequency may seem artificial, but it is a simple matter to change 
it to a positive frequency since it is the Cos(A-B) term that gives this, and 
cosine is an even function. If the negative frequency appears in a Sine tern, 
the phase is inverted according to Sin(-A) = -Sin(A). 


FREQUENCY SHIFTING 


Balanced modulation is double sideband modulation - there is an upper and a 
lower sideband. This is a special case of amplitude modulation as we shall see, 
and in radio is known as suppressed carrier modulation. We can go one step 
further and suppress one of the sidebands. This is single sideband modulation, 
and when implemented for electronic music, it results in frequency shifting. 
Thus, a frequency shifter gives an upshift or a downshift to the components of an 
input signal. 


Either a balanced modulator or a frequency shifter can handle a complex 
waveform by the superposition of sine waves. Thus, when a complex waveform is 
input, a whole set of sidebands results, and generally they appear in positions 
that are not integer multiples. The balanced modulator or the frequency shifter 
are therefore devices useful for producing non-harmonic tones from harmonic ones. 
Since the two input signals are often comparable in frequency, it is easy to have 
sidebands appearing at negative frequencies. These are reflected back to the 
positive spectrum, and a very complex spectrum can result. The non-harmonic 
tones are useful for percussive and bell-like sounds. 


A balanced modulator is simply an analog multiplier and is easy to implement. 
A frequency shifter is more difficult (see chapter on frequency shifter design). 
Thus, the frequency shifter must be justified for some purpose other than the 
production of non-harmonic sounds, as a simpler device would serve for this. The 
frequency shifter is most useful when there is something to relate the shift to. 
This is the case when live familiar sounds are input. Since these sounds are 
known, it is possible to realize that they have been shifted in frequency at the 
output. Moreover, if the live sound is relatively harmonic in nature, the 
components will all be shifted by the same number of Hertz (not by the same ratio) 
and this causes a non-harmonic image to be produced. In contrast to the balanced 
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modulator, the frequency shifter provides only a single cluster of shifted components 


and is often easier to control. A second case where the shift can be related to 
something is when the shifter is placed in the feedback loop of a tape recorder used 
to realize tape echo. In this case, the echo shifts with each repetition. Frequency 


shifters are also potential frequency modulators. Frequency modulation is usually 
realized by feeding a control voltage to a VCO, but it can also be realized by feeding 
a control sinewave to a frequency shifter. 


AMPLITUDE MODULATION 


It is easiest to consider amplitude modulation (AM) in terms of the way it is 
generally produced in electronic music. The basic 
setup is diagrammed at the right. A periodic control TW OvuT 
signal is summed with a DC component and used to 
control the gain of a VCA. Basically this means that 
we start with an initial gain and then add a periodic 
variation that drives the gain above and below the 
initial level. Mathematically, we start with a "carrier" 





Sin wt, and initial gain of one, and a modulating term 


m Sin w te For radio work, m is restricted to values between O and 1, (0 to 100% 
modulation), but for sound synthesis, larger values can be useful. The AM equation 
then becomes: 


V(t) (1 + m Sin w jt) Sin wt 


sSidebands 
carrier 
=Sinwt +m Sin w t°*Sin wt , y, 
c m c. 
He 
+ mn | Sn 
balanced modulation (sidebands) w+? i eer 
We, 
unsuppressed carrier AM SPECTRUM 


Sin wt +(m/2) [Cos(w -w_ dt - Cos(w tw )t] 


The factor "m" is the modulation index which determines the depth of modulation. The 
spacing of the sidebands is wp. It is clear that AM is just balanced modulation with 
part of the original carrier present. This carrier can be very important since it 
provides the original tonal center. Contrast this with balanced modulation which is 
just two sidebands of equal magnitude without a tonal center. Both AM and balanced 
modulation have their uses. 


Modulation can often be identified by the pattern of the signal on the screen of 


an oscilloscope. Below we show several patterns that are typical. 
oS ” - 8 ae m= 
& - - 2p 
~ oT a 
a =m ee” ° = =e =a @ = ad 


UNMODULATED 2c (8) 10% AM 





BALANCED MODULATION 
(or Beating) 
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o 
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a Seage 
OVERMODULATED AM WITH A OVERMODULATED AM WITH A 
TWO QUADRANT MULTIPLIER FOUR QUADRANT MULTIPLIER 


The 10% modulated signal is typical of the tremolo effect. Note also the 
difference in the envelope shape in the 100% AM and the balance modulated case. 
Both envelopes are sinusoidal in shape but the AM case has the sinusoid with 

DC offsets of 1/2, while the balanced modulation case has a single sinusoidal 
with no DC offset. The balanced modulation envelope is also the envelope that 
appears for "beating". This is in line with the equivalence of sinewave addition 
and balanced modulation described above. In the overmodulated AM cases with the 
two-quadrant multipler (normal VCA), the envelope dips below zero and is ignored 
for part of the waveform. The modulating signal is therefore equivalent to the 
part of the envelope above zero, and no longer sinusoidal. This means that the 
modulating signal is effectively one that has harmonics of the original frequency 
wo Therefore, additional sidebands appear when the modulation increases beyond 


100%, and this is in line with what we know from radio broadcasting, and is the 
reason that the modulation index is limited to one or less for radio. The AM 
equation that we started with does not apply because values of (1 + m Sin o,t) 
that are less than.one are replaced by zero. However, overmodulation with a four 
quadrant multiplier does not violate the original AM equation and no additional 
harmonics are produced in this case. 


LINEAR FREQUENCY MODULATION 


OvoT 
Frequency modulation (FM) is generally VCO 
implemented as shown at the right. An initial ae 
DC voltage sets the "carrier" and an AC voltage 
is superimposed on it. We shall assume first €4 
that the VCO is linear (unlike most electronic 
music VCO's) to keep things as simple as Oc 


possible. The exponential VCO case will be 
considered later as part of a review article. 
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The FM problem is essentially a phase modulation 


and we 
vector. 
vector 
A(t). 

termed 
to the 


V 


in 


inst 


can consider the VCO output to be a rotating 

The instantaneous angle of rotation of this 
is the phase. We shall denote this angle as 
The time rate of change of phase dA/dt is 
the instantaneous frequency, and is proportional 
control voltage input. 


= V +V Cos(2nf t) 
O m m 


KV, = KV + RV Cos(2rf t) 
in O m m 


dA(t) 
dt 


For + AF Cos(2nf t) = (1/27) 


This can be integrated to give: 


il 
NO 
+ 

— 
poe 
ry 


A(t) + AF Cos(2mf t') dt! 


CL 


27F  t + Eh cant t) 
C m 


ROTATING VECTOR 
MODEL FOR 
PHASE MODULATION 


L f 
m 
Thus the signal voltage is 
E(t) = Sin[2nF__t + a Sin(2nf t) ] where AF/f = m 
CL fs m m 


This modulation equation can be converted to the spectral form. 


Sin(xty) = Sin(x)Cos(y) + Cos(x)Sin(y) 


is applied to give: 


the modulation index 


First, the identity 


E(t) = {Sin(2nF, t)*Cos[m Sin(2nf_t)] + Cos (2nF , t)-Sin{m Sin(2nf_t)]} 


Next, it is necessary to bring in identities involving the "Bessel functions” in order to 
handle the cosine of a sine and sine of a sine terms. 


Sin[m Sin(x) ] 


Cos[{m Sin(x) ] 


2[J, (m)Sin(x) + J., (m) Sin (3x) + J, (m)Sin (5x) + , 


The identities are: 


J fm) + 2[ J. (m)Cos (2x) + J, (m) Cos (4x) 5 a ae eee | 


This results in many terms of the type Sin(x)-Cos(y) which have to be multiplied out 
according to the identity: 


Or 


Sin(x) -Cos(y) (1/2) [Sin(xty) + Sin(x-y) ] 


Cos (x) -Sin(y) (1/2) [Sin(xty) - Sin(x-y) ] 


The final spectral equation becomes: 
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E(t) = J, ™) Sin(2mF, t) 


+ J, (m){Sin[2m(F +f) It _ Sin[2n(F,-£ )]th 


+ J,(m){Sin[2n(F,,+2£ )]t + Sin[2n(F,,-2£ )Jth 


+ J,(m){Sin[2n(F, +3£,) Jt _ Sin[2n(F,-3£,) It} 
re: 4 ‘ : ‘ ‘ . - 
The Bessel functions J are standard tabulated functions. [see reference tables 


in the back of this book. ] The first few Bessel functions are plotted below: 





As an example, suppose the carrier (F 1) is set at 800 Hz, and a modulating 
voltage is applied to drive the frequency up and 
down by 400 Hz at a rate of 200 Hz. What is the 
spectrum? The modulation index m = AF/f, is 
400 Hz/200 Hz =2. The Bessel functions for 
m=2 are: J ells J,=-98, J5= oe J,= aA ho J,= “03% 
and higher orders are insignificant. This 
gives a spectrum as indicated at the right. 

Note that this happens to be a harmonic spectrum - 
all the sidebands fall on multiples of 200 Hz. 

The resulting sound has a pitch of 200 Hz and 
overtones extending to 1600 Hz. 


800 


O-- - -- 


He 


Note however that if we raise the carrier to 81l Hz for example, the sidebands 
follow unchanged except they are all 11 Hz higher. The spectrum in this case 
consists of components that are integer multiples of 1 Hz. This is too low to 
be heard as a pitch, and the resulting spectrum seems non-harmonic. The simple 
criterion for a harmonic spectrum is that Foy /t should be a small integer ratio. 


If we were to change the carrier to 400 Hz,,. ' 
we would have a spectrum as shown at the right. 460 
The important new feature here is that sidebands 
on the lower side fall below zero. What this 
actually means is that they will be "reflected" 
to positive positions. If the spectrum is 
harmonic, they will fall on the positions of 
unreflected lower sidebands (and possibly also 
the carrier and upper sidebands), and the Ons 
resulting amplitude at that spectral position will depend on the actual phase 


ga en ae ap 
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between the carrier and the modulating signal. In an analog system, it is difficult to 
set this phase exactly, so it is not too useful to consider the actual amplitudes in such 
cases. If the spectrum is not harmonic, the reflected sidebands do not fall on occupied 
positions in the positive spectrum, and there is no problem determining amplitudes. 


Chowning [JAES 21 #7 (Sept. 1973)] described a method of dynamic spectrum generation 
where the modulation index was made to vary in time in response to a controlling envelope. 
Increasing the modulation index is a matter of increasing AF (increasing the amplitude 
of the modulating voltage). A setup using a linear VCO to do this is shown in the 
diagram below: 









odulation 


Osci\later Envelope 


As the envelope rises, the modulation index increases, more sidebands appear on the flanks 
of the spectrum, and the tone quality becomes richer. When set for a non-harmonic 
spectrum, some very good bell sounds and other percussive sounds can result. When set 

for a harmonic spectrum, the modulation index controls the spectral evolution of the 
sound. Thus we can define a synthesized sound in terms of the modulation parameters and . 
the envelope that controls the modulation depth. Chowning was able to describe these 
parameters for some traditional instrument imitations. 


So far, we have been discussiong only sinewave modulation and sinewave outputs of 
VCO's in the modulation process. What happens when we try other waveforms? First of 
all, if we use a waveform other than a sine for the VCO output, we can expect to have 
a full set of sidebands about each component in the complex waveform. This is a simple 
matter of the superposition of sinewave oscillators. On the other hand, if we use a 
complex waveform for the modulating voltage, things are not so simple. To see why, we 
must first consider "multitone™ modulation - modulation by more than one sinewave (not 
necessarily harmonically related). If for example the sinewaves have frequencies f] and f9 
then we get sidebands spaced at intervals of f} and sidebands spaced at £2, but also side- 
bands spaced at fj+f>) and fj-f2. [see for example, M. Crosby, RCA Review 3 p. 103, (1938) ]. 
The result for additional sinewaves compounds, and sidebands appear spaced at every possible 
combination of sinewave frequencies. Now, for harmonically related sidebands, the sum 
and difference terms will fall on existing harmonics. Thus the contribution for any one 
sideband may come from a combination of several sources. While no essentially new features 
will be added to the spectrum, the calculation of sideband amplitudes will be greatly 
complicated. Thus, this situation would generally be avoided. The interested reader 
can get a feeling for the calculation process from the review article that follows as an 
equivalent calculation is necessary for the calculation of the FM spectrum of an exponential 
vco. 


EXPONENTIAL FREQUENCY MODULATION 


Since most of the VCO's that are used in electronic music are exponential, it is 
necessary to consider the FM process when applied to such a VCO. A full discussion of 
the necessary calculations is given in the review article reprinted from JAES 23 #3, April 
1975. The main point that should be grasped is that if you want to use dynamic depth 
FM (as used by Chowning in the above description), it is necessary to have some sort of 
linear control added to the exponential VCO to keep things manageble. 
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Reprinted from J. Aud. Eng. Soc. 
23 No. 3, April 1975 with 
permission of the author 


The Frequency Modulation Spectrum of an Exponential 
Voltage-Controlled Oscillator* 


BERNARD A. HUTCHINS, JR. 


Electronotes, Ithaca, N. Y. 14850 


As the amplitude of a modulating voltage to an exponential VCO is increased, the pitch of the modulated 
signal rises, making dynamic depth FM unrealistic. The pitch rise is proportional to Jo, the first of the 
modified Bessel functions. Higher order terms involving additional modified Bessel functions can be used 
to compute the entire spectrum. Various methods of correcting for the pitch shift are possible, but the most 
useful solution to the dynamic depth FM problem with exponential VCO’s is to add some form of auxiliary 


linear control. 


INTRODUCTION: Exponential voltage-controlled oscillators 
(E-VCOs) are those which produce a frequency which is an 
exponential function of the control voltage. Ever since the advan- 
tages of E- VCOs in musical systems were pointed out [1], it has 
been realized, and at times noted [2] that the straightforward 
frequency modulation (FM) patch would not produce a spectrum 
that could be calculated from the well understood FM radio 
broadcasting theory. The radio equations apply to a linear 
voltage-controlled oscillator (L- VCO), not an E- VCO. 


SIMPLE MODULATION PATCHES 


However, imperfect understanding of the exact details of the 
E-VCO FM spectrum does not prevent use of the method. For 
example, the patch shown in Fig. 1 has proven useful for the 
production of clangorous sounds which have a tone quality that 
does not vary with pitch. Recently, Chowning [3] used a digital 
computer method to demonstrate an FM synthesis method where 
the depth of modulation changes dynamically as a tone pro- 
gresses. The method employs the equivalent of an L-VCO. In 
the apparently straightforward realization of this dynamic depth 
FM method using standard analog music synthesizers (hence 
E-VCOs), one tries a patch such as the one in Fig. 2. The 
amplitude of the modulating signal is controlled by a voltage- 
controlled amplifier (VCA) that 1s in turn controlled by an approp- 


* An earlier version of the paper was presented September 12, 1974, at 
the 49th Convention of the Audio Engineering Society, New York. 
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Fig. 1. Patch for clangorous sounds. 





VOLTAGE- 
CONTROLLED 
AMPLIFIER 






Lizz 


Fig. 2. Dynamic depth FM patch that produces pitch change. 
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nate envelope. A problem immediately arises in that the E-VCO 
spectrum undergoes an overall pitch shift as modulation depth 
changes. While this can be a useful special effect, in general it is 
disconcerting. 


CALCULATING THE E-VCO SPECTRUM 


Attempts to use a dynamic depth FM method have made con- 
sideration of the E-VCO FM problem more important. A thorough 
analysis of the problem is useful for electronic music engineers as 
it both defines the problem and suggests solutions, and will also 
provide the engineer with a means of fielding questions from 
musicians who note the unusual behavior of their synthesizers. 

The E-VCO FM problem is, like all FM problems, actually a 
phase modulation problem. This can be visualized as a rotating 
vector of constant magnitude, where the orientation angle of the 
vector is A(t) as shown in Fig. 3. The signal voltage is then 
proportional to sin A(t). The time rate of change of A(t) is then 
proportional to what is termed the instantaneous frequency: 


277 Finst = AA(t)/dt. (1) 


In the L- VCO case, the instantaneous frequency is Properuona! to 
the control voltage V(t): 


Finst = foV(t). (2) 


For the standard E- VCO (1 volt per octave), the control voltage 
appears in the exponent, which has a base of two: 


Finst = fo2" = fo em 2V0. (3) 


It is convenient to start with a control voltage that varies as a 
cosine: 


V(t) = Vo + V,, cos(27 fin t) ’ (4) 


where V,, is the amplitude of the modulating voltage and f,, is the 
modulating frequency. In the L- VCO case, this gives a constant- 
center frequency (the carrier) and a modulation depth AF. 


eo = fWo + fo, cos 27f,, t 


x dt! Finst = 


= Fo, + AF cos 27f,, t. (5) 


This can be easily integrated to give the well-known FM radio 
equation: 


E(t) = sin A(t) = sin | 2nF cL + = sin 27f,, rhe (6) 


In the E- VCO case, cosine modulation gives: 


Finst = fo exp { In 2-Vo + Vi, cos 27 f » t)} 


= Fog exp {In 2-V,, cos 27 fin th. (7) 





Fig. 3. Rotating vector model of phase modulation. 
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The exponential factor can be expanded according to the series [4] 
CO 
FS 9 =To(z) +2 S I, (Zz) cos kb (8) 
k=1 


where the Fourier coefficients are fortunately tabulated functions 
known as modified Bessel functions, or hyperbolic Bessel func- 
tions. The E- VCO expression for Fj,s¢ can then be integrated as in 
the L-VCO case to give A(t), and E(t) then becomes 


E(t) = sin[ 2m Fog Io (in 2-V Jt 


4 ys (2-For/k-fm) 1, in 2-V_) sin 27 kfm t]. (9) 


k=1 


The first five modified Bessel functions are shown in Fig. 4. The 
modified Bessel functions are related to the better known Bessel 
functions of the first kind J, by the relation 


I, (a) = i-n Ji (iZ). (10) 


Io is very important as it will eventually be seen to determine the 
overall position of the FM spectrum. The higher order /,, terms are 
an indication of the number of terms that must be retained for a 
given degree of accuracy in the spectral calculations. 

A form of the FM equation that is more useful than Eq. (6), or 
Eq. (9) in the E- VCO case, is the one that reveals the spectrum of 
the signal, as this is the one most easily related to the hearing 
process. Conversion of the modulation equation to a spectral 
equation is well known in the L-VCO case [5]. A modulation 
index m is defined as AF/f,,, and a series of five identities, Eqs. 
(11}+(15), are applied to Eq. (6): 


sin(x +y) = sin(x)-cos(y) + cos(x)-sin(y) (11) 


sin[m sin(@x)] = 2[/1(m)sin (x) + J3 (m)sin(3x) 
+ Js (m)sin(5x) + -:°] (12) 


LZ) 





1 


Fig. 4. First five modified Bessel functions. 
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coal sin(x)] = Jo(m) + 2 [J2(m)cos(2x) + Ja(m)cos(4x) + -+°] 


(13) 
sin(x)-cos(y) = “%[sin (x+y) + sin (x —y)] (14) 
cos (x)-sin (y) = “%[sin (x+y) — sin (x—y)] (15) 
The spectral equation then becomes 
E(t) = Jo (m) sin 27 Foyt 
+ Ji(m) [sin 27 For + fim It 
— sin 27 (For —f mt) 
+ Jo (m) {sin 27 (Fo, + 2fm dt 
+ sin 27 (Fo, — 2 fin Jt] 
he aes (16) 


The J, are Bessel functions of the first kind. The spectral equation 
thus shows that a series of sidebands are formed about the carrier, 
and since J_, = (—1)"J,, the spectrum is symmetric about the 
carrier with respect to the absolute values of the amplitudes. 
Conservation of spectrum energy is demonstrated by the Bessel 
function identity 


(17) 


A typical spectrum is shown in Fig. 5 for the L- VCO case. 

In the E- VCO case the calculations are greatly complicated by 
the additional terms. Consider first a limited case where /2 1s still 
negligible. The E- VCO modulation equation, Eq. (9), then be- 
comes 


E(t) = sin (2a Fog Io (In 2-Vmm Jt 


+ (2 Fee /fm) Un 2V_ ) sin 27 fm t). (18) 


This has the same mathematical form as the L- VCO equation with 


Foy > Fer Jo (In 2-V,,) (19) 


m—-> (2 For I fin ) Hi(1in 2V in) = 0.69 Vin (For | fim)- (20) 


In this linear approximation, which is quite good for V,, less than 
half a volt, sideband positions and amplitudes about the carrier are 
calculated according to the L- VCO equations, and then placed 
about a carrier that has slid up the Jo curve according to the 
magnitude of Vy. 

It turns out that even when more terms are considered in the 
E- VCO equation, the entire spectrum still shifts along the /o curve 
as shown in Fig. 6. This replot of the Jo function has additional 
labels to show the In 2:V,, axis, as well as the total frequency 
deviation and spectrum slide in units of semitones. It is the shift 
implied by this curve that is responsible for the (generally) annoy- 
ing pitch variation that occurs as modulation depth changes while 
a tone progresses. 

When three or more terms must be kept, calculations must go 
beyond the simple expansion about the L-VCO solution. For 





Fig. 5. A typical L-VCO spectrum. 


202 


2c (15) 


example, when /4 can be neglected, but not /3, the modulation 
equation becomes 


E(t) = sin [ 27 Fog Jo (In 2-V,, Jt + mi sin 27f, t 


+ me sin 4zf,, t + ms sin 67f,, t] (21) 
where 
mi = (2 For / fm) i(in 2-V,, ) (22a) 
me = (For! fm) i20n2Vy, ) (22b) 
ms = (2 Fe / 3fm) [3(in 2-V,, ). (22c) 


It is interesting that this equation has the same form that is 
obtained by considering the simultaneous modulation of a L- VCO 
with more than one sine wave. This can be understood by consid- 
ering that the E-VCO expression for Finge could be duplicated by 
applying an appropriate periodic waveform to the L- VCO. In the 
E-VCO case, the additional sine waves are all harmonically re- 
lated, but the more general problem was considered as far back as 
1938 [6]. The solution consists of the application of Eq. (11) and 
its corresponding identity 


cos(x+y) = cos(x)-cos(y) + sin(x)-sin(y) (23) 


to Eq. (21), considering the first term asx and the remaining terms 
as y, and repeating this process until all the terms are used up. The 
final result is [7] 
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Fig. 6. Shift of spectrum with increasing modulation voltage V,. 
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For the four-term case, this equation can be greatly reduced: 


U U U 
BO = SDS [re Oty (may dy (ms) V1.0 
wml 
L=-UM = -UN = -U . 
x sin 27 [Jo (In 2-V,, ) F | | 
[: 0 ( m ) CE : V0.5 c 
+ Lfim + 2Mfm + 3Nfim J ]. (25) : 
In the above equation, U is the highest order L index which must Vn" O 


be considered, corresponding to the smallest J; which is still 
significant. To further simplify the calculations, consideration of 
the overall spectrum shift can be set aside and added in later. For 
computer calculations, the procedure is then as follows. 

1) Select V,, and the ratio F cp / fm. 

2) Determine all significant values of /,,(1n 2-V,,). 

3) From the/, values, calculate m1, m2, ms, --- and from these, 
calculate all significant values of J,,(m;). 

4) Execute a nested ‘‘do loop’’ for each summation, three in 
the case of Eq. (25), and inside the innermost do loop 

a) Determine the sideband in question: L + 2M + 3N; 
b) Calculate J; (mi) Jy (m2) Jy (ms) and add this to any 
previous contribution for the same sideband. 

5) Reposition the sidebands. Space them at intervals of f,, 
about the carrier (zeroth sideband) shifted according to Jo(1n 
2Vin)- 

6) Any sideband that has a negative frequency should be 
changed to a positive frequency and be considered reflected back: © - 
into the positive spectrum according to sin (—x) = —sin (x). 


Fig. 7. Experimental spectrogram for Fog / fin = 8;Vim = 0; 0.5, and 
1.0 


CALCULATED 





EXPERIMENTAL VERIFICATION EXPERIMENTAL 


These theoretical calculations can be verified with an experi- 
mental setup employing a spectrum analizer. A redrawn version of Fig. 8. Comparison of calculated and experimental sideband 
an experimental spectrogram is shown in Fig. 7. The predicted amputudes: 
spacing of the sidebands at intervals of f,, and the predicted 
spectrum slide is observed. Also, the linearlike structure for 
V,, = 0.5 and the much more complicated pattern forV,, = 1 can Vn 
be seen. In particular, there are more significant sidebands above 


the carrier than below. Le 
Fig. 8 shows a plot of calculated and experimental sideband 
amplitudes for some 47 sidebands from six different E-VCO 0.9 
spectra. The agreement is within expected experimental and com- 
putational accuracy. 0.8 
0.7 
EXAMPLE SPECTRA 
0.6 
With this experimental verification completed, calculations can 
be viewed with more confidence. Fig. 9 shows a complete series 05 
of calculated amplitudes for the ratio F cg /f,, = 8. When the ratio 
is lowered to 2.0, it is easier for significant sidebands to reach zero oal. 
frequency and below. These sidebands are reflected back into the 
positive spectrum (and are experimentally observed as predicted). 
Such sidebands are very common in the L- VCO case, but are oF 
relatively rare in the E-VCO case for two reasons. First, the 
instantaneous frequency can never reach zero, and in general there me 
are very few significant sidebands produced outside the range of 
0.1 


Finst- Second, as modulation depth increases and more and more 
sidebands start to appear at the extremes of the spectrum, the 
spectrum shifts up, pulling the lower ones away from zero. These 1) 


lower sidebands often begin to become significant while in their CE 

reflected positions. In this case, as the spectrum shifts up, these 

sidebands are pulled down and around zero where they reemerge 

as normal lower sidebands. Sidebands behaving in this manner Fig. 9. Spectra for Fcg / fm = 8. 


APRIL 1975, VOLUME 23, NUMBER 3 | 2c (16) 203 


BERNARD A. HUTCHINS, JR. 


can be seen in Fig. 10 for Fog /f,, = 2, and in Fig. 11 for Fog / 


In the process of calculation, the power in each sideband, which 
goes as the amplitude squared, is easy to compute and tabulate. A 
surprising result is noted: while there are more significant 
sidebands above the carrier, there is more power produced below. 
Both these results can perhaps be understood in terms of the graph 


Vin 


2.5 


15 


05 


Fig. 10. Spectra for Foe / fm = 2. 


3.0 
Z3 


20 


05 


Fig. 11. Spectra for Foe /f, = &. 
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of the E-VCO instantaneous frequency of Fig. 12. The instan- 
taneous frequency goes much higher above the carrier than below, 
and therefore passes over more possible sideband positions on the 
high side, hence activating more of them. Although the carner 
slides up with increased modulation depth (from the solid to the 
dotted line), the points at which the instantaneous frequency 
crosses at equal time intervals remain on the original carrier line. 
Therefore, the instantaneous frequency spends more time below 
the shifted carrier than above, and more power is distributed to the 
lower sidebands, even though there are fewer of them. 

Fig. 12 is also helpful in understanding the carrier shift along 
the Jo curve. The areas between the F;,,, curve and the shifted 
carrier are equal on both sides. This is equivalent to the dc level 
that would be required to produce the same F;,,, curve with a 
L-VCO. 


HARMONIC SPECTRA 


An interesting application of the FM method is the production 


_ of harmonic spectra by allowing one of the sidebands to fall on 


zero frequency. In this case the carrier, all normal sidebands, and 
any significant reflected sidebands will fall on positions that are 
multiples of a common fundamental. In the E-VCO case, the 
condition for a harmonic spectrum 1s 


l ni 


F gr 
ce! fm To(in2-V,,) nz 


where m1 and nz are integers. A typical harmonic spectrum is 
shown in Fig. 13. In the E- VCO case, unlike the L- VCO case, the 
condition for a harmonic spectrum is a function of V,,, making the 
condition impossible to maintain during dynamic depth modula- 
tion. A zero-frequency component in the harmonic spectrum 
actually just occurs as a dc weighting of the waveform. The actual 
amplitudes obtained for a harmonic spectrum depend on the rela- 
tive phase of the original carner and the modulating waveform, 
since reflected sidebands will have a phase that depends on these 
initial conditions. Control of this phase is difficult with ordinary 
synthesizers. 


SUGGESTED SOLUTIONS 


The theory presented has allowed the calculation of the E- VCO 
FM spectrum, and outlined the cause of the pitch shift problem 
encountered during dynamic depth FM. Several solutions to this 
problem are suggested. 

A patch such as the one in Fig. 14 can be tried. Here the 
envelope controlling the modulation depth is inverted and used to 
pull the pitch back down as the modulation depth increases. When 
this inverted voltage is fed directly to the VCO, correction is 






=2 2COS(2¥ fy t) 


-— ese wee ee Pe ewe ew ewe we we eee ee le 


Fig. 12. Instantaneous frequency for one cycle of modulation. 
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| | a 
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WAVEFORM 


Fig. 13. Harmonic spectrum; V,, = 2.61, Jo(In 2V_) = 2, Foe / 
fm = 1, and corresponding waveform. 





pv 
ENVELOPE 


Fig. 14. Patch used to correct for pitch shift. 


incomplete as the upward response to the envelope through the 
VCA is along the Jo curve, while the direct path is the normal 
exponential. With the direct connection, complete correction is 
obtained only at one voltage level of the envelope, typically set at 
the sustain level. Incomplete correction during the attack phase 
often adds spectral features that enhance the musical quality of the 
tones. The same incomplete correction during the final decay 
phase, however, causes pitch variations that are generally bother- 
some. This can be partially remedied by using the same envelope 
for modulation depth control and amplitude control, and truncat- 
ing the exponential tail early. 

The correction can be completed to first order by squaring the 
envelope voltage before inverting and feeding back to the VCO. 
The squaring operation can usually be done with an available 
multiplier or “‘ring modulator’’ on the synthesizer. The normal 
exponential response is 2”, so the response to V? goes as 1 + In 
2-V? + +-- or approximately 1 + 0.69 V?. The Jo(1n 2-V,,) curve 
can be approximated by 1 + 0.119 V,,? + --- , so by adjusting 
these levels, a degree of correction can be obtained that is quite 
satisfactory for small modulation depths. Since a correction vol- 


tage is fed to the VCO which normally sets F cg according to initial . 


control voltages before modulation is applied, the ratio Fc, / fin 
varies dynamically as well, and this further complicates analysis. 

A second and easier to use solution is to provide a linear control 
input to the E-VCO to supplement normal exponential controls. 
Typically, an E- VCO is basically a voltage-controlled exponen- 
tial current source fed to a current-controlled ramp generator 
(capacitor with some form of discharge, or the current can be 
reversed). The exponential current source uses the exponential 
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collector current to base-emitter voltage (proportional to control 
voltage) response of transistors [8 ]. If the standing current in these 
exponential current sources is linearly modulated, linear FM re- | 
sults. This modulation is before the exponential conversion, but is 
a collector current modulation, not a base-emitter voltage modula- 
tion. Thus the modulation remains linear at the output; only the 
limits of the current excursion depend on the base-emitter voltage. 
If the modulating frequency is tracking the original carrier, the 
total excursion for fixed modulation depth of the standing current 
results in a constant modulation index, since both AF and Im are 
proportional to the control voltage. This constant modulation 
index linear FM gives a constant sideband structure relative to the 
carrier and is thus a constant timbre form of linear FM, and 
outwardly seems the most musically useful. 

Another method is to simply add a linearly modulated current 
to the exponential current on the way to the current-controlled 
oscillator. This results in a constant frequency deviation inde- 
pendent of control voltage, and (approximately) constant 
bandwidth linear FM. This same feature can also be used to offset 
two otherwise tracking oscillators by a fixed number of Hertz so 
that the beat rate between them remains independent of frequency. 

Both of the above methods will result in linear FM which does 
not exhibit a pitch shift during dynamic depth FM. A final solution 
that can be added externally to existing E-VCO’s is.a standard 
logarithmic amplifier [8]. Such an amplifier must offset standard 
bipolar signals so that they are always positive, take Loge of the 
resulting voltage, and feed this directly to a 1 volt per octave 
control input. This results in constant frequency deviation linear 
FM, but since it is before the exponential converter, it can not be 


used for a linear offset. A simple log amp that can be used with 


existing E-VCO’s is shown in Fig. 15. Fig. 16 shows how the 
three linear FM methods discussed above are applied to a typical 
E-VCO. 


CONCLUSIONS 


While it is possible to calculate most of the features of the FM 
spectrum of an E- VCO, the complexity of the calculation process 
and the difficulty of setting analog controls to realize a set of 
conditions makes everyday application of these calculations im- 
practical. However, an understanding of the theory does provide 
an understanding of the sounds realized by FM techniques on 
standard synthesizers, and suggests that some sort of linear control 
should be employed when attempting to use a dynamic depth FM 
synthesis method. Additional thought should be given to the 
possibility of reversing the process so that a given spectral evolu- 
tion could be realized in terms of time-dependent modulation 
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Fig. 15. Logarithmic amplifier for linear input control. 
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Fig. 16. Typical existing E- VCO illustrating basic methods of adding 
linear FM. 


parameters. In this pursuit, the E-VCO with pitch pull-down 
correction may prove a more useful approach, as a variety of 
sideband distributions are possible, unlike the L- VCO which has 
only the one case. For general use of the dynamic depth method, 
simple linear controls seem the most useful. 
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FORMANT MODULATION 


Formant modulation is the alteration of tone color by means of moving the position of 
a filter characteristic relative to the frequency of an input signal. In practice, the 
type of patch shown at the right can be used. We 
will assume that it is the characteristic frequency 


of the filter that is being altered by the AC aN OUT 
component, although other parameters may be varied VCP 

at times. The effect, particularly when used ac 

with a filter response that has an amplitude peak 

and a low modulation frequency, is known colloquially 3 

as a "Wow-Wow.'' What is actually happening can be oc 


quite complex mathematically. Consider for example 

a fairly simple filter response - the single pole 
low-pass. The amplitude and phase responses are 
sketched at the right. When f,. is swept by a voltage, 
both the amplitude and phase of any spectral component 
in the input waveform that lies fairly close to f, 
will be modulated both in amplitude and in phase at 
the filter output. [Moog, AES Convention, Sept. 1974 
reported measuring the phase change at as much as 
1000°/octave when corner peaking of the filter was 
used]. In addition to the combined phase and 
amplitude modulation problem, calculations can be ., 

expected to be further complicated by (1) The fact “Wi 2 _ Vitene seneeseens 
that the response curves are not linear. This means 

that even for sinusoidal modulating signals more than two sidebands will be generated for 

the AM part of the overall modulation, and sideband amplitudes will be altered for the phase 
modulation part of the modulation. (2) If an exponential VCF is used, the sideband 
amplitudes will be further altered. However, the output pitch will not rise as it does in 
the case of an exponential VCO as modulation depth increases. The filter can not alter the 
input frequency except by phase modulation, an effect that is either too small (slow sweep) or 
too rapid (fast sweep and reversing) to be heard as a pitch shift. 








The total result can be expected to be a mathematically complex distribution of sidebands. 
However, only the computation of amplitudes is really complex. The sideband spacing is the 
normal modulation frequency, and the sidebands are centered about the original carrier. The 
subjective effect is in many ways similar to other phase modulations. With complex filter 
responses however, very rapid changes of phase and/or amplitude can produce some unique effects. 


Many different parameters of a filter's response can be made voltage controlled and hence 
can be modulated. Voltage-controlled Q is a feature of many VCF's. This has the effect of 
controlling the sharpness of the resonance or of a peaked corner. Thus, the particular 
harmonic(s) closest to the characteristic frequency undergo amplitude modulation and generally 
Simultaneous phase modulation. 


PULSE MODULATION 


There are numerous types of pulse modulation that can be used to produce complex 
Spectra. Furthermore, most of these are easily implemented with simple circuitry or 
with existing synthesizer modules. The various types of pulse modulation we can consider 
include Pulse Amplitude Modulation (PAM), Pulse Width Modulation (PWM) of several forms, 
and Pulse Position Modulation (PPM). Four forms of pulse modulation are indicated 


below: ‘ é 


~~ 
UNMODULATED PULSE TRAIN | | ™ = | | | | | | 
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PULSE AMPLITUDE MODULATION 


PULSE WIDTH MODULATION (Centered) [] 7 nm 7 i 


PULSE WIDTH MODULATION (Fixed Edge) ] a a | | 
PULSE POSITION MODULATION | | | | | | | | | | | | | | 


Pulse amplitude modulation can be implemented with a VCA, sample-and-hold, and a 
gating circuit. Pulse width modulation can be implemented with either a fixed center of 
a fixed edge by changing the basic type of driving waveform from something like a 
triangle to something like a sawtooth: 





CENTERED PWM FIXED EDGE PWM 


Pulse position modulation is implemented by triggering a monostable from a driving waveform 
and varying the trigger point. For example, the monostable could be triggered when a 
driving sawtooth crossed a certain reference level. The reference level is then made to 
be the modulating signal. 


Various types of pulse modulation have been studied [e.g., G. M. Russell, Modulation 
and Coding in Information Systems, Prentice-Hall 1962]. The basic starting point is the 
unmodulated pulse train represented by its Fourier series: 


yr 2A 
e(t) = Ad/T + ) — Sin[ntd/T] Cos(nwot) ug = 20/7 
Venere ile 
\ soe peor! agen goeconerencect! 
DC Fourier Fourier 
Coefficient Component 


For the analysis of PAM, the term A is replaced by A(t) = A(1 +m Cos wyt). With 
this plugged in, it is easy to see that the "1" gives back the original unmodulated 
pulse train. In addition, two terms are produced by the ' m Cos wt" term. The 
terms are: 


ae Cos wWyt 


and: 
) an Sin(ntd/T) [Cos wt ° Cos (nwt) | 
=] 
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The first term is the modulating signal. The second term is the product of two cosines 
(balanced modulation) of the modulating signal and each of the Fourier components of the 
original unmodulated pulse train. These balanced modulation terms when combined with the 
Fourier components give a "carrier'' for each Fourier component and two AM sidebands. The 
term in Cos w,pt results from the DC term in the unmodulated pulse train. It can thus be 
seen that an alternative analysis could be based on the amplitude modulation of each of the 
Fourier components in the unmodulated pulse train. This is really no surprise. 


When considering PWM, it is the term d that has to be replaced by a time varying 


term d(t) = d + dy Cos wt. This has assumed the centered form of PWM. Plugging this 
back into the unmodulated pulse train gives: 


e(t) = Ad/T + (Ad,/T) Cos upt 


+ ) <4 [sin(nnd/T + Btem Gos mt) Cos(nwot) ] 
re] 


The first term Ad/T is the average DC term while the second is a time varying DC term 
that varies with wp. This can be seen simply as the fact that the duty cycle changes 
with wm and this changes the DC weighting of any small time segment of the signal. The 
third term is the most interesting. It can be expanded using the identity for Sin(X+Y) 
and gives: 


=* [Sin(nnd/T) {Cos C240 Cos wmt)}] Cos (nuot) 
n=1 
24 (cos (ntd/T) {sin (oem 
nay BT T 


Reference to the earlier discussion of FM will show that the terms within the {} are 
Bessel series that can be expanded in terms of integer multiples of Wm - The analysis 
closely parallels the phase modulation results. It soon becomes evident however that 
the "bookkeeping" becomes excessive here and that a thorough analysis would require a 
good deal of effort. Here we will just remark that the problem has been outlined and 
that it can be seen that analysis is similar to phase modulation. The one additional 
feature is the presence of a term at the modulating frequency which is not present in 
the general phase modualtion problem. 





Cos w,t)}] Cos(nwot) 


When we move on to fixed edge PWM, it can be seen that we first have to solve the 
PPM problem since we have to add a displacement to the term T: T(t) = T + Tt Cos wat. 
The problem becomes very complex since the T term appears in the denominator of the 
pulse train expression. Russell has outlined a solution in an approximation that is 
not valid for the large modulation depth used in electronic music. Solution to the 
problem would seem to require a computer to do all the bookkeeping. 


TIME SAMPLING 


A system for time sampling a waveform is implemented 
as shown at the right. A sample-and-hold module is used 
to break a wavefrom into discrete steps. We will be 
concerned here with the case where both the input waveform 
and the sampling rate are periodic. We shall be interest- 
ed in only the resulting spectrum of the output. We shall 
not be concerned with the recovery of any information. 
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We start with an input e(t) which we assume is periodic 
and thus has a spectrum of the general form shown at the 
right. The waveform e(t) is to be sampled at equal intervals 


of length T. We thus need a series of short pulses to act 
as triggers for the sampling unit. For a mathematical model, 
these pulses can be represented by a series of delta functions: Spectrum of e(t) 


s(t) = ) 6&(t - nT) 


n=-—-c 


where the function 6(t) has a value only when t=O. We can 
diagram the series of sampling commands as shown at the right. 
We can then think of the sampling process as the multiplication 
of the input waveform e(t) by the sampling waveform s(t). We 
will eventually have to add to this a zeroth-order hold circuit to account for the holding 
action of the S&H. The sampling process as multiplication is shown below: 


—— ~ # 


e(t) 


Sampling s(t) 





s(t‘) g(t) 
where g(t) is the output of the sampler. It is a standard practice in electrical 
engineering to take Fourier transforms of waveforms to see how one process (multiplication) 
in the time domain behaves in the frequency domain. We can represent the Fourier 
transform operator as F and take the Fourier transforms of e(t) and s(t): 


foe) 


Fle(t)] = E(w) = f e(t) exp(-jwt)dt 
F[s(t)] = S(wm) = % ) 6(w ~ ng) Wo = 2Qn/T 
n=—co 


Since multiplication in the time domain becomes convolution in the frequency domain, the 
expression for the Fourier transform of g(t) is: 


G(w) = Fig(t)] = (1/20) [E(@w)«S(w)] 
where the (*) denotes the convolution. Convolution is an integral of the form: 


[E(w)*S(w)] = f E(x)S(w-x) dx 


but it will serve our purposes here to simply note the nature of the spectrum G(w) of 
g(t). The only additional fact we need is that the convolution of a delta function 
6(t) with a function f(t) gives the function f(t). This can be easily seen by the 

fact that the convolution is essentially one function sliding by the other for each 
value of delay between them. Since the spectrum of the sampling function S(w) is a 
series of delta functions, The delta functions in the convolution E(w)sS(w) simply 
serve to spread out the original spectrum about each multiple of the sampling frequency. 
The result is indicated below: 
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Baseband (spectrum SPECTRUM OF SAMPLED WAVEFORM 
of unsampled waveform 


Oe /2 o 2Wo 


Several important points can be noted from the drawing above. First of all, the basis 
of the sampling theorem can be seen. If the baseband contains frequencies only up to 
1/2 Wo), then there is no overlap from the spectrum spread about Wo back down into the 
baseband. Therefore, a low-pass filter with cutoff at 1/2 wo will recover the infor- 
mation in the unsampled waveform. The second point is that while it is generally 
thought that the sampling frequency itself appears in the spectrum of the sampled wave- 
form, this is only true if there is a DC component in the baseband itself. Finally, 
we should note that the spread of frequencies due to multiplication of waveforms is 
nothing really new. We saw the same thing when we studied balanced modulation. In 
fact, an alternative formulation of the balanced modulation results can come from the 
fact that time multiplication leads to frequency convolution. 


The next thing we want to consider is the effect of the hold part of the circuit. 
Intuitively we can see that it will have an effect of reducing the high frequency 
content in the waveform. This is because it slows down sharp variations due to the 
holding action. Formally we have to look at the transfer function of the zeroth-order 
hold: 

1 - e Jul Wo 


H(jw) = a 


A series of trig. manipulations give the magnitude of this transfer function as: 
|H(jw) | = (2/w) Sin(w/2w,) 


From this we see the result of the spectrum falling off as 1l/w. The other part of 
the magnitude function is a sinusoidal envelope varying as w. This is the same as 
the envelope function of a pulse waveform. 


We can thus summarize the results of time sampling as: (1) The duplication of the 
baseband spectrum about multiples of the sampling frequency. (2) This duplicated 
spectrum is multiplied by a decreasing sinusoidal envelope. 


Note that there is no reason to obey the sampling theorem for the purposes of 
sound synthesis. The overlaps in the spectrum just give us a different sound. 


In the generation of waveforms by a digital segment-by-segment approach, we often 
deal with what are called "reconstructed waveforms." These are of interest here because 
they are of the same form as certain sampled waveforms. A good example is the reconstructed 
Staircase formed from square wave octaves as shown on the next page. We have shown only 
three square waves here, but it is probably already evident that the process will lead 
to a better and better approximation to the sawtooth waveform as the number of Square wave 
octaves is increased. This can also be demonstrated by adding up the Fourier series of 
all the square wave components and seeing that this results in the Fourier series of the 
Sawtooth waveform. 


It should also be evident that the reconstructed staircase has no DC component since 
it is perfectly balanced, just as its square wave constituent Square waves are. The 
reconstructed staircase thus does not contain the sampling Frequency (8f) in its spectrum. 
This fact can also be demonstrated by summing the Fourier series of the first three square 
waves. The truncation of the sawtooth reconstruction at 4f leaves out the harmonics 8f, 
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16f, 24f, 32£, 40f,...etc. These are the harmonics that will be supplied by the 
higher square wave constituents. The square wave 8f will supply 8f, 24f, 40f,.... 

and the square wave 16f will supply 16f, 48f, 80f, ....etc. and so on until the entire 
Sawtooth is completed (all harmonics). 


It might have been supposed that since the "unsampled parent" waveform of the 
Staircase is the sawtooth that the sampling frequency would appear in the staircase 
spectrum since (1) The sampling frequency and the sawtooth are "locked" at an integer 
ratio, and therefore (2) one of the harmonics of the sawtooth (the base band signal) 
would thus fall on the sampling frequency. The actual case is that it is not possible 
to violate the sampling theorem "after the fact," i.e., for reconstruction. The 
reconstructed waveform "assumes" that its parent was subjected to the sampling theorem. 
Another way to look at it is to observe that a sawtooth is not bandlimited since it 
contains all harmonics, and thus it is not possible to sample a sawtooth without loosing 
information. In a practical case, it is necessary to add a "guard filter" to the input 
to assure that no components above half the sampling system can get into the sampling 
device. An additional example, a reconstructed sine wave, is discussed in the wave- 
shaping section of chapter 5b. 
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CHAPTER 2D 


CONTROL OF MUSICAL STRUCTURE 
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INTRODUCTION 


When we refer to the structure of music and its control, we are referring to what 
might be termed the "note-to-note" variations. Here, it is necessary to keep a very 
open mind about what is to be termed a musical note however. In the first three 
chapters of this section, we have been concerned with the synthesis of sound by 
producing waveforms and altering their parameters in response to envelopes and other 
control devices. The control of structure will be concerned with the time ordering 
of these sounds. When done under the control of a musician, the imposed structure 
changes the sounds into music. 


A simple and familiar example of this sort of control is the control of pitch and 
timing with an ordinary musical keyboard. Structure can be imposed by the musicians 
desire to produce a time sequence of pitches and his ability to do so by means of the 
keyboard. Pitch is not however the only element of the synthesized sounds that can 
be structured. Other factors are tone color, loudness, rhythm, and just about any 
element of traditional music. In addition, electronic devices make possible certain 
variations that are not possible in traditional music (e.g., 20 Hz of vibrato at a 
depth of one octave), and these may be controlled and structured. Probably the 
largest areas where the new technology adds elements to be structured are (1) The 
addition of new and rapidly changing tone colors. (2) Changes that are faster than 
is possible with manual control. (3) Simulated changes in the apparent spatial 
location of the sound. (4) Changes in dynamics that exceed the usual range. (5) 
Very high precision (exact electronic waveforms) and very inexact and unrepeatable 
results (use of random elements). 
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CONTROL - ELECTRONIC, PHYSICAL, AND PROGRAMMABLE 


ELECTRONIC CONTROLS: 


The most obvious means of control over electronic instruments is by means of the 
standard sort of electrical devices. One way to produce a control voltage is to 
simply use a potentiometer as a voltage divider. It is then possible for example to 
control the pitch of a VCO. The device used in this way is unsatisfactory for several 
reasons. First, all pitch changes are continuous and not discrete - at least to the 
limits of the human hands rapidity of motion. Secondly, the device only changes 
pitch, and another device is needed if we want the tone to change in amplitude. Thirdly, 
for the production of music in discrete steps, the musician must rely on feedback to 
adjust to the proper pitch or else have a very accurate dial control. This is not 
to say that such a controller is not useful for certain types of music. It can be 
a means of reaching pitches not on a discrete controller, and of "bending" pitches 
as a tone progresses. 


Another type of electrical control is the switch. This device has only two states — 
off and on. In order to achieve a set of discrete pitches, a large number of switches 
can be used. In order to make them easy to operate, a push button type seems most 
useful (imagine a set of rotary switches as a musical controller for traditional music!). 
This leads of course to the keyboard idea, and of course, the standard organ or piano 


style keyboard is the most natural for musicians. This leads to some problems as every 
person who has ever demonstrated a synthesizer to an unsuspecting individual has no 
doubt discovered. They almost always try to play three or four notes at the same time. 


This is of course the logical assumption to draw from the use of a full keyboard. Then 
the proud synthesizer owner has to apologize for the fact that it only plays one note 

at a time. All early synthesizers were in fact monophonic devices - one note at a 

time. There is a logical reason for this. The synthesizer was intended as a solo voice. 
It provides a new tone color and has time and dynamic properties that exceed traditional 
instruments. Thus it is to be thought of more like a trumpet which is usually played 
one note at a time (some accomplished jazz musicians can get several notes out of various 
wind instruments). Thus the synthesizer is a monophonic instrument that just happens 

to have what looks like a polyphonic device. A number of polyphonic instruments are 
being developed which should fill the gaps many musicians feel. 


Two other types of electrical controls have been used with synthesizers: the 
ribbon controller and the joy stick. A ribbon controller is a resistive strip that 
has a current flowing through it and which can be tapped at any point along its length 
to bring out the corresponding control voltage. In this sense, it can be thought of as 
either a linear pot or a continuous keyboard. The joy stick is a two domensional pot. 
Usually it is controlled by a lever arrangement so that a single rod can be moved up 
and down or from side to side. The joy stick has two outputs: an X-axis voltage and a 
Y-axis voltage. 


PHYSICAL CONTROLS: 


One of the problems with a controller made of switches is that it only has the 
two states, and the fact that a switch closes at a certain time tells us nothing about 
the physical manner in which it was closed. Was it pounded with a fist or timidly 
pushed? It of coures makes no difference as far as the electrical response of the 
System is concerned. However, musicians are used to having an instrument respond in 
a different manner when they alter the physical technique. Thus, the engineer is faced 
with the task of providing a means of sensing some of these physical parameters and then 
providing additional circuitry so that the detected parameter does something like the 
musician had in mind. For example, the musician might want a more rapid tap on the 
keys to give a stacotto effect. He might also want increased pressure to result in 
increased loudness. Sensing of velocity can be accomplished with two sets of contacts 
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on each key. If these contacts make in sequence, the time between the switch closures 
is inversely proportional to the velocity of the key. It is also possible to sense 

the pressure with conductive foam or some similar material that changes resistance as 
pressure increases. Coming up with a means of recovering a physical parameter is the 
easy part of the job. It is a little more difficult to make a circuit that gives a 
change in response to the recovered physical parameter, and a lot more difficult getting 
this "tuned" so that it "feels" right to the musician. That is, knowing exactly what 
to do is the biggest problem. 


Another approach to the recovery of a physical parameter is to use the sound of a 
live musical instrument and then recover the useful information from that sound and use 
that to control the electronics. This is not an easy problem. The recovery of the 
amplitude information involves an envelope follower, and the exact time constants of 
the envelope follower can be set only when the pitch is known. Recovery of the pitch 
can be an even more difficult problem. This is mainly because the pitch is a subjective 
quantity. It is easy to recover the pitch of an electronic waveform - this is only a 
matter frequency to voltage conversion. Live sounds on the other hand tend to be much 
more irregular (that's what makes them more interesting to the ear) and thus it is 
harder to pick up the necessary patterns to recover the pitch. In some cases, it is 
possible to recover certain acoustical parameters directly from the vibrating structures 
of the original musical instrument (e.g., from the strings of a violin) and thus avoid 
complications due to the coloration of the acoustical Signal by the sound radiating 
structures. : 


PROGRAMMED CONTROL: 


Programmed control offers the composer new dimensions of speed and complexity. 
Musical structures that would be too difficult for even an orchestra made up of the 
world's most accomplished performers can be easily specified and will then appear 
automatically. 


Programming permits the user to construct intricate rhythm and melody patterns 
and then alter them bit by bit if necessary. The rhythm can be programmed by setting 
a basic time division that is small enough that any desired note length can be repre- 
sented to a desired degree of accuracy by an integral number of such small units. 
Melody patterns can be obtained by setting pitch values for each time segment (many 
adjacent segments will have the same value) and then recycling or reprogramming the 
sequence as necessary. An alternative memory scheme is to store a pitch value and 
then specify the number of basic time divisions that the value will last. 


The patching systems used with most synthesizers are the first type of programming 
we can consider. The musician achieves control over the synthesized sound by setting 
up the patch and adjusting all the controls to whatever values he wants for initial 
values. This basically determines the sound itself, but there are also a wide variety 
of patches that control structure. The patch below illustrates two things: (1) It is 
a patch that controls structure independent of manual control. (2) It shows a 
structure change that does not involve any change of pitch. 


Sawtooth | VCF 


300 Hz Low—-Pass eae 





Slow Triangle Envelope 
(about 0.04 Hz) Generator 
(AD about 


Pulse Generator 3/4 sec) 
(about 1 Hz) 
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This setup produces a change of tone color as notes change. The tone color is 
changed by the VCF controlled by the slow triangle wave. Notes are triggered by the 
pulse generator which controls a short AD type of envelope which in turn controls the 
output amplitude by means of the VCA. The exact sequence of notes out depends on 
many factors: (1) The exact waveforms selected. (2) The patch. (3) The initial 
settings of the controls. (4) The (chance) setting of initial phase between the 

VCF control voltage and the pulse generator. 


A second means of programmed control is by means of the Sequencer. A Sequencer 
produces a series of musical events in a predetermined order. In the usual mode of 
operation, the user first sets all the parameters of the sound for each note, and then 
activates the sequence with a single control. There are many types of sequencers 
that are in use. One type is outlined below. It has n different states and m 
different outputs per state. Let's say n = 20 and m= 4. We can thus program 20 
notes and have four control voltages available for each note. One of these control 
voltages will most likely control pitch, another might control a VCF and a third might 
control amplitude. When the sequencer is clocked into its first State, a set of 
voltages will be fed to the controlled modules and the first note will be produced. 
When the next clock arrives, the sequencer jumps into the second state and the second 
note is produced, and so on. The sequencer can be triggered by either an internal 
or an external clock. If the clock is made voltage controlled, the advance rate of 
the sequencer can be controlled by feeding back a voltage (e.g., line 4) from the 
sequencer. In this way, the duration between pulses can be easily programmed. 






To VCO 
To VCF 
To VCA 





20 STAGE SEQUENCER 


Some sequencers can be programmed by means of a standard keyboard. The musician 
simply plays in the sequence and it is stored in a memory. The information picked 

up can be just the pitches, the pitches and rhythm, or other possible combinations 

of information. In other devices, both pitch and rhythm can be programmed in from 
the keyboard and yet not have to be played in in real time - multiple key pushes serve 
to define longer notes. 


Systems that employ a large or small computer have a wide variety of programming 
possibilities. Point-by-point sound synthesis on a large digital computer is totally 


programmed - like it or not. Smaller computers that drive analog modules are ideally 
suited for programming. The computer itself can take on the job of the sequencer. 
The sequencer then exists only in software and can be changed as needed. In addition, 


small computers with some form of outside memory (e.g., floppy disk) can serve to store 
vast amounts of material which can be read into the computer and "played" through the 
analog attachments. In this sense, the computer memory is the recording medium. In 
general applications, such a device is a useful tool for the composer since he can 
input his basic ideas and just change one parameter at a time until he gets the exact 
results he wants. Other material not suitable for his present composition can be 
stored in the computer memory for future use. If the computer has control over all 
the voltages in the analog synthesizer, then nothing has to be written down or reset. 
The composer simply has to record the address of the stored information. 


STRUCTURE CONTROL BY TAPE RECORDER 


A tape recorder performs the functions of recording sounds and also making oo 
available in a form where time is converted to length. Also a strip of tape can have 
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sounds recorded in parallel tracks so that relative times are locked together. This 
allows several forms of structure control. 


1) Macro Tape Editing: This is more or less conventional tape editing used 
to organize major sections of a piece and adjust their timing. 


2) Micro Tape Editing: In this operation, actual structures are created 
by the editing. Typical tape lengths for this type of editing would 
be from less than a second to several seconds, but the main criterion 
for micro as opposed to macro is that micro is essential to the actual 
production of the structure, not just a convenient way of presenting 
the structure. : 


3)  Multitracking and Remixing: In this operation, up to 16 tracks can be 
recorded on aninch wide tape. Typically, one track is the sync track 
and serves as a reference while other parts are put on one at a time. 
This allows one musician to perform the functions of many and with 
only one synthesizer instead of many. Also, it is then possible to mix 
down the tracks and adjust the balance, perhaps selecting between two 
or more versions of the same part if desired. Four track quad tape 
recorders can also be used for this in small studios. 


4) Tape Loops and Delay Lines: The tape can serve as a storage for sounds 
during performance and composition. If the tape is looped around, the 
sounds will be repeated for each loop cycle. In other cases, material 
can be recorded by one tape recorder and the tape can then be drawn 
across to a separate tape recorder for playback. This can be very 
useful for canon and fugue-like structures. 


STRUCTURE CONTROL IN REAL TIME 


Electronic music is often used in real time to supplement traditional instruments. 
In such cases, the synthesizer can serve as a solo instrument. Other electronic 
devices related to sequencers serve to produce rhythm backgrounds electronically. Also, 
electronic amplification and processing units have been used in real time for a long time. 
These processing devices inclued "fuzz boxes" (square wave chopping), ''Wow-Wow" units 
(a VCF slowly modulated) and phasing simulators (phase shifters). 


some live performance groups use essentially all electronic instruments in concert 
Situations. This provides some special problems —- limiting the complexity of changes 
that can be made in the equipment due to limited time between the time it is finished 
for one section and the time it must be ready for the next section. Small prepatched 
synthesizers can be reset quite rapidly in many cases, but the prepatching imposes a 
limit on the variety of structures that can be produced. One solution is to have avail- 
able enough equipment already set up and tuned. The performers just jump from one key- 
board to another as the work proceeds. If time allows, setups can be revised by one 
performer wearing headphones while the others continue to play. However, working in real 
time will often impose limitations that will have a strong influence on the style of 
music that the group produces. 


One way out of this is to speed the patching and resetting process. Here, digital 
computers and resetting circuits are useful. It would be easy for a musician to just 
preprogram all the parameters of his instruments for the different sections of the work 
he is presenting. Then, the patch could be advanced at the push of a button, or the 
performer could punch in a code for a patch and have it recalled from memory. The 
memory could contain a storehouse of his most used patches, or it could allow him to 
instantly store a patch he is using and recover it later. It should be pointed out 
that to do this sort of thing, all the parameters of the patch must be voltage controlled. 
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Thus, the synthesizers would have essentially no knobs. Each parameter would have a code 


and this would be given a voltage value for a given patch. It is also worth consider- 
ing that the computer could replace much of the existing synthesizer - serving as a massive 
envelope generator. Real time systems where the computer serves to control analog modules, 


store structures, and program the patching are sure to become popular. 


RELEASE OF CONTROL 


In some cases, the musician will want to give up part or all control and let the 
system do its own thing. Control can be released by turning it over to a random 
source controller, or by letting a cycle complete itself without human control. It 
is often desirable in such cases to take a rigorous look at just how the structure 
is controlled since often the term "random" is used to describe processes that are 
in fact completely determined by initial conditions. The process is further 
complicated by the ability of the human mind to remember structures and recognize 
patterns. Often there may be little or no difference between the overall effect 
achieved with purely random control, pseudo random controls, or very long but repeat-— 
ing patterns. 


We show below a system employing two white noise sources and a sample-and-hold 
unit. The structure produces a series of random pitches that change at random time 
intervals: 


WHITE NOISE 


SOURCE #1 SAMPLE-AND-HOLD VCO 





Sample Trigger 


WHITE NOISE » 
Comparator 





SOURCE #2 


Threshold 


When the threshold level to the sample-and-hold is set fairly high, threshold cross- 
ings by the white noise are relatively rare and a fairly slow series of random pitches 
will result. When the threshold is lowered, the pitch changes become more rapid and 
get to a point where the ear tends to hear a texture rather than a series of pitches. 
That is, the ear tends to integrate the perception into a type of sound much as it 
does white noise itself. While the result is still random, the process results in 
the production of a sound that is basically repeatable. This is a case where a 
random process leads to something that seems basically non-random. 


On the other hand, some processes that are not random may appear so. To demon-— 
Strate this, we can replace the white noise sources with mixtures of periodic wave- 
forms. This will in general produce a pattern that seems random, and the same is true 
of certain "pseudo random" generators which produce very long but eventually repeating 
Sequences. 


; Beyond these electrical examples, new music often has elements of chance that are 
built in for one reason or another. However, it is not always proper to contend 

that these are random. Jazz improvization or any improvization has its chance events, 
but is certainly not random. Likewise, a piece of music consisting of city street 
sounds has a structure that depends on chance, but is not random. You would probably 
hear a lot of sounds like cars, pedestrians, etc., but very few herds of elephants 
coming through. If it were random, an elephant would have the same priority as a 
garbage truck. 2d (6) 
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INTRODUCTION 


There are numerous techniques of electronic music that do not fall under the 
subject headings of chapters 2a —- 2d. The first group of these really involves 
tape recorders and has evolved from musique concrete. Other techniques employ 
other types of audio processing such as artificial reverberation. Finally, there are 
techniques that are closely related to additive or subtractive synthesis, but which 
require additional equipment or special setups. 


TAPE MANIPULATIONS 


There are three basic types of tape manipulation that do not invlove delay 
effects: speed changes, direction changes, and tape editing (splicing). Speed 
changes have been used for novel demonstrations ever since multi-speed tape recorders 
have been available. Doubling (halving) the speed causes all pitches to be doubled 
(halved). In fact the effect is so familiar that it is interesting to speak at a 
normal rate into a frequency shifter while upshifting the frequency. Many listeners 
will associate a speed-up of the speaking rate even though none actually exists. 

In practice, these speed changes are used and the results rerecorded. In this way 
the process can be repeated over and over and speed ratios far in excess of those 
directly available from the tape recorder are obtainable. When the speed changes 
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are in the upward direction, the original program material soon reaches the point where 

the original frequencies would be above the response range of the tape recorder electronics. 
The program would be lost except for the fact that the very lowest frequencies may still be 
audible at the top of the shifted recording, and elements of the musical structure may be 
changing rapidly enough to be perceived as low frequency pitches. Downward speed changes 
generally result in slow droans and low-frequency "grunts."' However, certain high pitched 
sounds such as bird calls may be slowed to a degree where the entire song can be heard. 

At the original rate, the bird call may be too fast for the human ear and just sound like a 
shriek. 


Direction changes can be very useful. However, this is only possible with a tape 
recorder that is intended to play in only one direction in the first place. Mono, two-track 
stereo, and four-track home recorders will do this, but the common four-track stereo recorder 
will not. To change the direction in time, the reels of the tape recorder are simply 
reversed, and the tape recorder is put into its normal playback mode. If this is done with 
a four-track stereo recorder, you simply get the program that is recorded "on the other side." 
Direction changes of the sounds of traditional instruments can greatly change the effect 
achieved since the attack and decay are effectively reversed (along with note order of course). 
A piano sound has a very sharp attack followed be slow decay. If this is reversed, the 
"attack" sounds more like an organ, and the "decay" seems entirely artificial. 


Tape editing is the process of physically arranging the sounds by cutting the tape 
and resplicing it in various ways. This involves a certain amount of practice. The exact 
Spot on the tape between selections and notes can be located (on some machines) by allowing 
the reels to move freely and turning the reels by hand while listening to the playback head. 
The tape that is over the playback head can then be marked with a grease pencil and pulled 
out to an editing block for splicing. The recommended editing system is the "Editall" 
splicing block with a sharp single edge razor blade. The razor blade can be demagnitized 
if necessary with a tape recorder type "head" demagnitizer. Good splicing requires both 
practice and patience but is worth the effort. 


TAPE TECHNIQUES USING DELAY 


The tape recorder is a method of delaying a sound. You can record something and play 


it back later. A number of interesting techniques involve the use of a carefully controlled 
delay. The shortest delay that can be used is the one that is obtained by the distance 
between the record and playback heads of a three head (erase, record, and playback) tape 
recorder. The technique is illustrated below: za 
oP 
Alteration : 
New Input & 
o Mixer 
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Erase Record Play Back 
When the input level from the playback head to the mixer is turned up, the material on the 
tape will be fed back with some delay resulting in the "tape echo" technique. The echo rate 
can be controlled to some degree with the tape speed, and the number of echos is controlled 
by the fraction fed back to the record head and is limited by the quality of the tape. When 
there is no input, the loop gain can be turned up to the point where the residual noise on 
the tape begins to build up. This results in a characteristic periodic swishing sound. In 
addition, some sort of processing device can be put in the loop to alter the sound on each 
"echo" and this results in a variety of special effects and structure progressions. An 
example of this can be found in chapter la, pages 4 and 5. 


Tape 


When two or more tape recorders can be used, longer but constant delays can be 
achieved by recording on one tape recorder, letting the tape pass to a second recorder and 
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then playing it back. This is useful for "canon" types of structures when the timing 
is carefully done. As a practical matter, two 
problems must be considered when using this technique: 
First, the tape recorders may have "shut off" levers 
that will not be under the proper tension since the 
tape path is not complete. It may therefore be 
necessary to devise some method to hold these on. The 
second problem is that the tape recorders will not run at 
exactly the same speed. Thus, some arrangement must 

be made for taking up excess tape or making available 
extra tape. A simple method is shown at the right. 

An extra tape reel is used as shown and will move up 

or down as necessary. The reel should have a smooth 

edge and not have a threading slot as the slot might 
catch the tape as the reel revolves. If this take up method does not allow enough 
slack for the time that the delay line is used, it may be necessary to make up a 
new capstan for the recorder, or make speed adjustments if possible. Some tape 
recorders have capstans that can be changed for different speeds. With this type, 
it is fairly easy to make a replacement on a lathe. The outside diameter should 
be turned down to adjust for the necessary speed change. The inside should be 
bored with a boring bar, not drilled. 





Tape Delay 
Line 








Another method of delay is to use a tape loop. This is a combination of the 
tape echo and tape delay line techniques. The tape is routed around and connected 
back to itself. Tape loops of from about 6 inches up to ten feet or longer are 
possible. The loop may be used in a record and playback mode, or just in the 
playback mode. Tape loops can be used to provide various repeating background 
figures. 


PHASING (FLANGING) METHODS 






IN 





The phasing (Flanging or 'Jetsounds") method occurs when there is a small and 
varying delay between an original signal and the delayed version, and the two are 
mixed together. An idealized setup for producing 
this effect is indicated at the right. The best 

way to approach an actual phasing device is to use 

an analog delay line technique (Chapter 6c), but 

traditionally this has been done out of real time dela 

by using two (identical) tape recorders. With 

this method, the two tape recorders are set up in parallel, both recording, and both 

playing back through the playback (monitor) heads. The two monitor outputs are mixed 
together. Next, one of the recorders is slowed by simply touching the supply reel of 
the recorder. This causes the outputs to go in and out of phase with each other. As 

can be seen by the analysis in chapter 6c, the phasing effect is equivalent to a comb 
filter. It appears that the term "jetsounds" is 

really no accident. Consider for example the 

Situation shown at the right. The listener 

hears a direct sound from the jet and a delayed 

sound due to reflection. This results in a 

comb filter, and the notches in the comb vary 
as the jet moves. 





For operation in real time, it is the usual practice to use simulators that use a 
phase shift rather than actual fixed delay. Analog delay lines will eventually make 
practical real time phasers. This is equivalent to the parallel tape recorders except 
there is a much shorter minimum delay possible - in the case of the tape recorders, the 
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minimum delay is set by the fastest speed of the tape recorder and the spacing between 
the heads. This time is typically on the order of 100 ms, too much of a delay to be 
used in real time. With analog delay lines, the delay can be much shorter. Some 
users of phasing simulators will prefer them to true phasing. They may get used to 
the sound of the device they are using. Furthermore, the simulators may have non- 
linearities that cause harmonics to be generated. This will enrich the sound and may 
me missed if true phasing is used. 


ARTIFICIAL REVERBERATION UNITS 


Reverberation is due to multiple and very dense echos. In any live situation, 
much of the sound that is heard is indirect (perhaps 95% in some rooms). In an effort 
to add realism to electronic sounds, artific al reverberation can be added. The 
necessary echo density can be achieved with recursive structures using analog delay lines 
(see chapter 6c). At present, artificial reverb units are mainly mechanical, typically 
formed from two or more parallel springs that are driven on one end by a magnetic drive 
while the other end has a magnetic pickup to recover the vibrations and reflections along 
the spring. 


In addition, this type of device may be used in excess of what would be expected in 
a live situation. In this way, electronic sounds can be given a spatial quality of 
distance in excess of what can be expected. This is a common use of artificial reverb 
units. Typically, a stereo unit can be used with its channels in series to greatly 
enhance the degree of processing. In addition, a sharp pulse can be added to a quiet 
line to give a shot-like output. Direct mechanical excitation is also possible. For 
example, a sharp tap on the unit will excite the springs for thunder-like effects. 


ENSEMBLE EFFECTS 


In traditional music, there are often many musicians playing the same line of the 
score. It is impossible for them to play exactly the same, but the general effect 
achieved is known as "ensemble" and is a very rich sound as compared to a single electronic 
oscillator for example. In electronic music, pure sounds and integer ratios are the 
general rule. Students of orchestration know that certain overtones can be enhanced by 
simply having a player play the overtone. However, this is never exactly in the "right" 
position. Thus, in electronic music, one approach to realism is to attempt to achieve 
artificial ensemble. 


In large voltage-controlled synthesizers, VCO's can be used in parallel, all tuned to 
the same pitch initially. Small drifts and individual variations will cause beating 
effects that lead to ensemble effects. While many VCO's have a Sync. option, using this 
will tend to destroy ensemble in most cases. Some VCO's have "soft sync" which is usually 
a phase-locked loop method. The PLL is always wandering slightly about the exact sync. 
position and this can also produce ensemble effects, depending on the exact system. 


For polyphonic instruments, the "top-octave" generator is a popular means of getting 
all the required pitches from one oscillator. This however destroys all possibility of 
ensemble that might otherwise occur if different oscillators were used for different keys. 


RESONANT SYNTHESIS 


Many traditional instruments consist of resonant structures that are excited by some 
type of excitation. We can thus consider certain types of resonant filters for sound 
synthesis. One such method has been considered (filter ringing) in chapter 2a. In 


another approach, a whole bank of filters can be used as a sort of "sounding board" which 
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enriches any sound that passes through it and which moves in relation to it. Consider for 
example that a periodic waveform will have the amplitude and phases of its harmonics altered 
by such a filter bank, and that these changes will be different for different frequencies 

of the periodic waveform. It is necessary however that the filters not be placed where 

they will enhance any one note or any group of overtones while leaving other notes with 

a generally attenuated set of harmonics. An empirical method of spacing filters has been 
described by Burhans [EN#40 (16)]. A Table of spacings is shown below. The filters are 
spaced at intervals of the fifth root of 2.1: 
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PHASE LOCKING 


Phase locking can be used for a variety of purposes, A phase-locked loop (PLL) may 
be an integral part of some module, or it may be patched up from modules as needed, It 
should be pointed out right away hawever that the PLL is not directly useful as a pitch 
follower. A live signal is too complicated for a PLL to follow. 


A basic PLL can be formed from a multiplier, a low-pass filter, and a VCO as shown 
below: 
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proportional 


(Frequency Demodulation) 


This basic loop can be understood since the multiplier produces sum and difference freq- 
uencies. The difference frequency will be lower and will be passed through the low-pass 
more readily. This causes the VCO to wander around, but only moves that make the 
difference frequency less will be "rewarded". Eventually the difference frequency will 
go to zero (DC) and this will cause the loop to lock. However, it will still wander 
slightly about its stable point, and this can be useful. 


A PLL can also be implemented with a sample-and-hold as suggested by Bodley [EN#35 (4)]. 
The setup is shown at the right. It can be seen aes ae 
that this type of loop locks onto a portion of a es Oli | , 
smooth upslope. Points on the downslope are 
unstable as they move the VCO in the wrong direction. 
Note also that if a second voltage is added to the 
VCO control, the relative phase of the two waveforms 
(input and output) can be controlled. Therefore, this 
can be used as a phase modulator. 







Another phase-locking method that does not involve the use of the low-pass filter 
uses a frequency shifter. Actually, this can be 
considered to be the ordinary PLL with a "perfect" IN fj 
low-pass filter. The patch is shown at the right. 
This type of loop is discussed in chapter 6a, pg 11. 
Note that when the loop locks, the upshift output 
of the freq. shifter is twice the input frequency 
while the VCO inside the freq. shifter runs at the 
input frequency. 
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Phase-locked loops have many applications. They may be patched up in electronic 
music systems to hold certain frequency ratios fairly constant. Another application that 
would probably involve a dedicated PLL is the frequency ratio synthesizer. It starts with 
the usual insertion of a +n circuit in the VCO feedback loop. If an additional im is put 
on the input line, the ratio m/n is realized: 
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INTRODUCTION 


Operational Amplifiers (usually just shortened to "op-amps") are the single most 
useful linear IC in general electronics use today. Designing with op-amps can be very 
easy in many cases; one can start with a set of "idealized" characteristics and worry 
about the limitations of real op-amps when it comes time to select the actual op-amp 
for the design or when the common op-amps do not give the desired performance. 


We will be here first considering three ideal characteristics of op-amps one at 
a time and derive the basic applications procedures. We will then discuss real op-amps 
in regard to their performance limitations in slew rate and bias current. The 
discussion of current differencing amplifiers in chapter 3c will follow the same outline. 
Additional op-amp applications can be found in chapter 4a, where the circuits are treated 
as building blocks. | 
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THE FIRST IDEAL CHARACTERISTIC - INFINITE GAIN 


One of the ideal characteristics of an op-amp is infinite gain (or at least a 
very high gain). Suppose we say that the voltage gain is one million. This means 
that the differential input voltage to the op-amp is amplified by a factor of one 
million. The standard way of representing an op-amp is with a triangular symbol 
(Burr-Brown sometimes uses a curved back on the triangle to avoid confusion with 
Other symbols, but the regular triangle is more common, and templates for triangles 
are readily available). One point of the triangle is the output. The "back" of the 
triangle has two inputs, an inverting input (-) and a non-inverting input (+). It 
is interesting that we are so used to amplifier configurations using negative feed- 
back that we use the term "non-inverting" which seems to be a double negative. The 
differential input voltage is the voltage difference between the + and —- inputs. 
Below is a circuit that uses the op-amp with a voltage gain of 1,000,000. We have 
here shown the power supply connections, but in general, we won't. 
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The differential input is 1 volt (the battery) and the gain is 1,000,000. Therefore, 
the output voltage should be 1,000,000 volts! Of course it is not; there is no way 
the output can exceed the limits of the supply voltage. The op-amp just does the best 
it can, which is, +15 volts. 

We can see also that Vin can be as small as 15 volts/1,000,000 (15 microvolts) 
and we will still get a +15 volt output. Likewise, if a voltage input is more negative 
that -15 microvolts, the output becomes -15 volts. In practical cases, the value of the 
these minimum voltages that will cause the amplifier to drive its output to the supply 
limits cannot be calculated in this simple manner (due ot input “offsets'"), but the 
point is that they are small. For all but a very small region around zero volts, 
the output will be at either +15 or -15. For this reason, the circuit above is often 
referred to as a zero crossing detector. An op-amp connected in this way iS said to be 
operating "open-loop," and the circuit function performed is called a comparator 
action. 


The basic comparator circuit is useful as a general signal level detector 
as well. In the general case, a reference voltage is placed on the —- terminal, 
and the voltage to be level detected is put on the + input terminal. Whenever 
the signal reaches a level that is positive with respect to the reference voltage, 
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the output goes to +15, otherwise it is -15. If on the other hand, we consider 
the + terminal as the reference, and put a Signal on the - input, the resulting 
Output is reversed. As a practical matter, if you get it mixed up, just reverse 
the inputs. 

Sometimes, you need an output that is some voltage (e.g., +15) for one state, 
and zero volts for the other state. This is a matter of blocking the -15 volts 
from the output. A signal diode will do this, and it is a good idea to load the 
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op-amp with a resistor in the range of 10k to 50k to prevent drift that could 


occur in some cases, depending on the circuit being driven. 
When it is desired to interface this circuit with TTL logic, a standard 


interface can be driven from the comparator output. Since this interface is 


TTL 
OUT 





inverting, the inputs to the op-amp comparator are reversed from what they 
would be if the op-amp were used directly. 


THE SECOND IDEAL CHARACTERISTIC - NO INPUT BIAS CURRENT 


The next important applications come up when we consider the use of feedback - 
the return of part of the output signal to an input terminal. Here, we must use 
the second ideal characteristic of the op-amp: No current either enters or leaves 
the input terminals. That is, the inputs just respond to the voltages on then, 
but draw or supply no current, and hence do not alter the applied voltages in any 
Way. In practice, we must sometimes allow for these currents, depending on their 
Magnitude relative to the currents available (or charge stored). 

Consider the following circuit: 


Vout 
Vin Rin Rog Vega 
Reg 
V 
\i os + 
Rin 
= Viw 


Since no current is drawn into the + input, the voltage V, depends only on Vin 

and Visine and the ratio of f to Rip. Rpf and R;, form a simple voltage 
divider, Now, observe that in general Va will not be zero, so the infinite gain 
of the op-amp will drive the output to either +15 or -15, just as in the comparator 
case. We are mainly interested in the transition points, i.e., the points where 


Vie will cause the output state to change. Consider the following example: 


300K 





Assume first that the output is +15, then as long as V n LS positive, Vi is 

also surely positive, since both ends of the voltage divider are positive. We 

then look at the case where Vin goes negative, and ask what negative value 

of V5 will cause V, to become zero. Simple algebra and Ohm's law show that this 
will be true when V;,, reaches -5 volts. Slightly beyond -5 volts, V, starts to 

§0 negative, and the output then goes rapidly to -15 volts. Note that as it 

does this, a "bootstrapping" action takes place; the fact that it starts to change 
state causes it to change state even faster, adding a "snap" to the normal comparator 
action. Once at -15 volts output, a similar analysis shows that the output will 
not go to +15 again until the voltage Vee reaches +5 volts. The region between 

+5 and -5 volts is a dead zone as far as changes of state are concerned. This 
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circuit has two level crossing points, and the one that is in effect depends on 
the state that the circuit happens to be in. The output that is actually found 
when the input is in the dead zone depends on which way the input voltage entered 
the dead zone, from the +5 side or the —5 side. A circuit of this type is said 
to have "hysteresis," which means the exact output depends on past history. The 
circuit is commonly known as a Schmitt trigger. 


The Schmitt trigger is useful for several purposes. For example, when we are 
trying to level detect a signal with some unwanted noise present, we might get 
unwanted transitions due to the noise if we used a regular level detector. This 





is important for example for a counting circuit where the extra transition would 
result in an extra counts. 

The Schmitt trigger circuit with Rj, 100k and ¢= 300k is also useful in 
VCO circuits where we want to generate a signal confined to the range from +5 
volts to -5 volts. In this case, the Schmitt trigger operates almost exclusively 
in the dead zone; the transitions are triggered by excursions outside the dead 
zone and these transitions pull the signal back in. 

Note that the percent of feedback is determined by Rj, and f-. The 
magnitude of the dead zone about zero in either direction is just Siig pf oe volts. 
The maximum value of R, is therefore ¢» since R;,=R,¢ would mean that the dead 
Zone would be the full supply voltage swing, and the Schmitt trigger would always 
Stay in its first state. A type of oscillator circuit that is very common is the 
Integrator-Schmitt trigger combination. The peak to peak amplitude of the wave- 
form from this oscillator is determined by the switching levels of the Schmitt 
trigger. 

In many cases, a small amount of positive feedback, say 0.1% is useful when 
a waveform with a very fast rise time must be obtained. In this sort of Schmitt 
Crigger, the output waveform is nearly the same as that from a level detector, 
Since the feedback is so small. However, even that very small amount of positive 
_feedpack will sharpen up the edges of the pulses due to the "bootstrap" effect 
discussed above. A circuit often used here is the 748 or 301 type of op-amp 
that is used without any compensation. 
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THE THIRD IDEAL CHARACTERISTIC - NO DIFFERENTIAL INPUT VOLTAGE 
AS LONG AS NEGATIVE FEEDBACK IS WORKING 


Next we consider what is probably the most useful type of feedback in op-—amp 
circuits - negative feedback. Negative feedback is feedback from the output to 
the inverting input. Negative feedback however can occur at the non-inverting 
input if there is an inversion somewhere in the feedback loop. Thus, the 
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inverting or non-inverting inputs are not absolutes - they only treat signals in an 
opposite manner. The difference between positive, negative, or no feedback may be 
only a matter of a few degrees of phase angle. 

The second ideal characteristic still applies, and we shall see that the first 
ideal characteristic of infinite gain will, in the case of negative feedback, lead 
to a third. 

The simplest form of negative feedback results when we simply connect the out-— 
put back to the - input with a piece of wire. Consider the following circuit: 
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If Va is positive as shown, then Vout= A°Vg will be forced lower, since the positive 
voltage appears on the inverting input. If on the other hand, Vg is negative, then 
the output will be forced up. The only possible stable point for the circuit is 
the case where Vg = 0. If the output should try to wander ever so slightly from 
a condition that makes Vq = 0, it will be forced back by the infinite gain of the 
ideal op-amp. Looking at the diagram above, we can see that Neue. = Van Va 
and since Vg = 0, the output follows the input. The circuit is useful as a 
"follower" or "buffer" since the input impedance is very high in a practical case 
(infinite in the ideal case), and the output impedance is very low. This is useful 
when we want to distribute a voltage for use elsewhere without disturbing the 
source. 

As an example, consider the use of the follower to monitor the voltage on a 
capacitor. When the switch opens, the last voltage on the capacitor is held, 
and the follower transfers this voltage to the output. The limit here is of 
course the actual bias current that flows into the op-amp terminals. The 
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circuit is an elementary '"sample-and-hold" device. In practical cases, the 
bias current for certain FET input op-amps can be as low as a few picoamps. 

The follower will also leave a voltage divider undisturbed to the extent that 
the actual bias current is smaller than the standing current in the divider. 
Circuits that actually draw substantial current from the junction point will 
change the voltage as well. Several circuits that are basically voltage dividers 
are shown below: 


BUFFERED ATTENUATOR ADJUSTABLE BUFFERED : AVERAGER 
ATTENUATOR 
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WEIGHTED AVERAGER 
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GENERAL ANALYSIS METHOD 
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Vy + Ro (V,-V,) / (R, +R.) 
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It should be pointed out that there are common ways of drawing certain op-amp 
One must always be careful to look carefully 


configurations, but no real standards. 


at the structure to see what is actually present. 


Of the five circuits below, the 


ss 


first three are followers; the last two are non-inverting amplifiers (to be discussed 
below). The first circuit is a standard follower of the type we have discussed. 
The second circuit uses a resistor for feedback rather than just a wire. Note that 
for an ideal op-amp, it makes no difference whether this is a wire or a resistor, 
since no current flows in either case because the input will not accept or source 
any. In a practical case with a real op-amp, this resistor passes the amplifiers 
input bias current and this will cause a voltage drop to appear between the — input 
and the output. In some op-amps, this improves the performance, compensating for 
other non-zero offsets. The third circuit is a follower with a load resistor 
shown. This should not be confused with circuits of the type shown by the last two 
illustrations. These last two are non-inverting amplifiers. The circuit of the 
last two is exactly the same except for the way it is drawn. 


THE NON-INVERTING AMPLIFIER 
A non-inverting amplifier circuit is shown below. The circuit can be understood 


in terms of the ideal characteristics discussed above. Here, a resistor voltage 
——— 
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divider is used to feed part of the output signal back to the inverting input. 
The inverting input draws no current, so the voltage at the inverting input is 
determined by: 


Vi= RyT = Ry [Vout / (RytR yg) ] 


And since the differential input voltage is zero due to the negative feedback, 
V_ = Von’ Combining these two equations gives: 


Vout/Vin = (RytRyg)/Ry = 1 + Ryg/Ry 


The circuit thus has a gain of one plus the ratio R,¢/R}.- The residual gain of 
one is the gain of the follower as can be seen by letting R, approach infinity in 
which case, the gain goes to one. The non-inverting amplifier does not change the 
phase of the signal. This is the meaning of "non-inverting,'’ as compared to the 
inverting configurations that will be considered later, which change the phase by 
180°. For audio signals, often times inversion or non-inversion is of little con- 
sequence. Control signals, on the other hand will be moving the wrong way if some 
provisions for handling inversion are not made. 

What happens if you need a gain less than one? First of all, to have an 
amplifier put out a signal with a level that is less than the input hardly seems 
like gain, or the proper function of an amplifier, but often times, the change of 
voltage level corresponding to a gain factor less than one is needed, and the term 
gain is still retained. If you do need a gain less than one, and can't handle the 
inversion (we will see that the gain of an inverting amplifier goes from zero on up), 
the best method is to use an attenuator (voltage divider) with a buffer as described 
above. One can of course add a voltage divider to the input of a non-inverting 
amplifier as shown below, in which case the gain of the structure is multiplied by 
the division ratio ([R,/(R5+R3) ]. 





In general, there is no reason to use this structure, since the gain can always be 
set by just two resistors (R, and Rif » Or the two resistors on a voltage divider), 
but the structure may appear unintentionally. R, could be the output impedance 


of a driving stage while Ry is a load resistor added to the stage after setting 
the ratio R1/Ru¢- The overall gain would drop in this case. It is sometimes 

a useful trick to adjust a gain that is slightly too high by adding a load to the 
driving stage. Finally, compare this structure to the differential amplifier 
which we will be discussing later on. The grounded end of the resistor R, may 
be found in the case of the differential amplifier whenever the inverting input 
of the differential amplifier is held at zero. 


THE INVERTING AMPLIFIER AND RELATED STRUCTURES: 


SE EES CS § SA  qiasi Scenes 


If we take the non-inverting amplifier, and ground the input, we get the 
(useless) structure shown below: 





Since the input is zero, so is the output. Thus, both ends of both R,-and R, are 
held at ground, and no current is flowing in either resistor. We can them lift the 
grounded end of R1 off ground and let it float (which is the same as removing the 
resistor completely, but we leave one end connected for now). What we have now 

is a follower that is following ground potential. 


Actually, we have arrived at the basis of a very important structure - the 
inverting amplifier. This is often analyzed in terms of what is called a "virtual 
ground," which means that the inverting input remains at ground potential, but 
no current passes between it and the circuit ground. A virtual ground is a 
consequence of the second ideal property (no current enters the inputs) and the 
third (the differential input voltage is zero). If we apply a voltage V;,, to the 

I ——_——> Vin/e, 





free end of Rj, a current V, /Ry flows in through R,. The current can not enter 
the op-amp input, or go anywhere except out through the feedback resistor R.¢-- 
Therefore, the output must go to a voltage Vour = ~l-Ryp Or: 


Vise Vin = —Ry¢/Ry 


The minus sign results from the fact that the current through R, is toward ground, 
while the current through R,¢is away from ground. This minus sign means that the 
amplifier has an 180° phase shift, and this is called an inverting amplifier. If 
we put an input of Vj,= 1 volt, and Rj is 10k while R,-¢ is 100k, we get an output 
Of Vout = —10 volts. 

What is the inverting amplifier good for? First of all, it is good for 
inverting, i.e., we might want to change a 5 volt signal to a -5 volt signal, and 
would therefore use an inverting amplifier with a gain of one. Secondly, since 
we don't have the residual gain of one, we can easily set gains less than one by 
adjusting the ratio Ri¢/Ry- In audio circuits, the inverting amplifier may have 
certain bandwidth advantages for unity or relatively low gains since it is possible 
to use less compensation in these cases. One drawback is that the input impedance 
ef the inverting amplifier is just R,, even for an ideal op-amp, and this may be a 
little low depending on the source impedance, The non-inverting amplifier by 
comparison has a very high (ideally infinite) input impedance. However, by far 
the importance of the inverting structure appears when we consider multiple inputs. 
In this case, the inverting input becomes what is called a "summing node." 


The "inverting summer" is formed by connecting a number of resistors to 
the inverting input of the op-amp inverting amplifier. It is possible to 
connect as many resistors to this point as you want. The currents that flow 
into (or out of) the summing node are algebraically summed. Finally, the output 
adjusts to whatever value is necessary to supply or remove a current through RyF¢ 
so that the net current in the summing node is zero. If the output is asked | 
for a voltage that is in excess of the power supply limits, the summing node is 
no longer held at zero volts since negative feedback fails. An example of a 


Summer is shown below: 
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INVERTING SUMMER 
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If Ry = Rp = R3 = Ry¢, then Veue: = =1V5 + Vo + V3 ], the simple negative sum of 
the voltages. In the more general case, the equation is: 








Two additional points about summing nodes should be brought out. First, 
they are current summing nodes, and it is not necessary that the current be 
supplied to them by means of dropping yoltages across resistors. Current may 
arrive by a "current source", and you will often see transistor collectors, the 
output of CA3080's, and other devices connected directly to the nodes. Secondly, 
the return path that supplies the excess current need not be through a resistor or 
even direct from the output. It is not necessary that the output of the op-amp 
actually be putting out current corresponding to the excess amount. After all, 
the output is probably sending current to external circuits as well. What is 
necessary is that the output voltage causes the excess current to be supplied 
from somewhere. This overall feedback path may involve inversion as well, in 
which case negative feedback is fed to the non-inverting terminal, and the + 
input is thus the summing node. A circuit that is part of an exponential conver-— 
ter is shown below. It illustrates the points mentioned in this paragraph. 


Transistor 
as feedback 






Summing Node 


Current . Inversion In 
Source Loop 


Modulation In (standard Input) 
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AN ALTERNATIVE ANALYSTS OF THE INVERTING AMPLIFIER 


The concept of zero differential input voltage (and virtual ground) is 
correct and useful, but often seems like a swindle! Why should the input current 
be allowed to force its way around and out through feedback resistors? In fact, 
the concept of virtual ground is very easy to use, but another analysis perhaps 
gives a better idea as to what is actually going on. Since the inverting 
amplifier is so important, we will go through another analysis. 

We start with the same amplifier structure, and will consider the input 
voltage to be positive. It is the usual practice to consider current to flow 
from positive to negative, even though electron current flows the other way. 

It makes no difference as long as we are consistent about this in a given circuit. 
We can also assume all input voltages to be positive so that current flows into 
the summing node. If we guess wrong, this simply means that the current will 
turn out to have a negative sign associated with it. As with the non-inverting 


x ae 
VV: 


Vout 
’ R, Rue ™ 


VOLTAGE DIVIDER LEVER ANALOG 





amplifier, we have only to look at the voltage divider comprised of R, and Rae: 
This gives a voltage at the inverting input of: 


Vi= Vin - (CV, - Vou Rp /(Ry + Rug) 


Next we consider what happens if Vy is different from V_ . As in the case of 
the follower, we can see that the negative feedback causes the differential 
input voltage to go to zero. Since the + input is grounded, this means that 
V_is zero. This leaves: 


which is the same equation we had before for the gain of an inverting amplifier. 
Note in particular that this formulation has an exact analog in the equation for 
the circular motion of the end of a lever. The length of the lever beyond the 
point of rotation is proportional to the resistance value. This is an extremely 
useful analog to keep in mind. 


* % * * * * * * * * * * * * * * * 


When a high precision summer is needed, and in many if not most cases of 
general use, a resistor is placed between the + input and ground, rather than 
just grounding the pin directly. You should know that while this is sometimes 
very helpful, it is a relatively small effect. The purpose of the resistor is 
to compensate for the offset due to the current that actually flows into the 
other input. Rather than go into the theory, we will just say here that the 
value of this resistor is the same as the result one would get if the input 
resistors and Ry¢ were all put in parallel. However, bear in mind that since 
the actual current through this resistor is very small (zero for the ideal op-amp), 
it is not worth getting too fussy about this value. A value within 20% should be 
fine, even in cases where the actual input and feedback resistors are 1% types. 
Also, in a couple of cases, one can not be sure what input resistors are actually 
in use. If you have all the inputs connected to panel jacks, you may at times 
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not use them all, and the other resistors will be effectively out of the circuit. 


Unused inputs could be shorted to 
were necessary. 


ground with a shorting type of jack if this 


Other input resistors might be connected to pot wipers, and 
here the effective resistance depends on the pot setting. 


You can't always win 


at this game, so you have to bear in mind that it probably does not make much 


difference. 
a couple of examples below: 
100 1. 100 le 


loo 


Calculation of this resistor, which we will call R, is shown for 






The essential point about negative feedback is that the differential input voltage is 


zero — as long as the output can adjust to do whatever is necessary to make it so. 
Consider the circuit below: 


of course can not exceed its supply limits. 


The output 


lorwic 
*+ lo 
+5 ier +\5 
foele 
es (cule 
ow 
—\s 
loole 
-5 
St 
The actual sum of the input voltages is +10 +5 -15 -15 -5 = -20. Thus the summer is asked 


for an output of +20 volts. 


It cant give more than +15. 


A similar situation exists when the inverting amplifier is asked for too much gain. 
In the circuit at the right, the circuit only asks for 


a gain of 10, but the input is +5, so the output should 
be -50, but of course, it is only -L5. 
has happened by considering the voltage divider comprised 
As the voltage rises toward +5, the output 
falls toward -15, and once it gets there, it stops at -l5. 


of Rj and Rnf- 


When the input actually gets to +5, 
voltage divider is at +3.18 volts. 
at +3.18 volts while the + input is 
has gone into the comparator mode. 
closed loop (-R,¢/R 1) has failed at 
open loop has appeared. 


We can see what 


the center of the 
Thus the - input is 
grounded. The op-amp 
The controlled gain 
-15 volts, and the 





100k 


“a lole * 
— VAN 9 = 15 
A 
+3.18 
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Another case where the differential input can be greater than zero with negative 
feedback is the case where the output can not keep up with changes of the input. This 
can occur when a very high frequency is applied to the input. For example, suppose 
a 100 kHz +10 volt square wave is applied to the input of a unity gain inverter formed 
from an op-amp with a maximum slew rate of 0.5 volts/microsecond (e.g., the type 741). 
In the 5 microseconds between changes in the square wave, the output can only change 
by 2.5 volts, not the full 20 volts. It is thus making little triangle waves about 
zero volts while the input switches at +10 and -10. The - input is thus jumping between 
approximately +5 and -5 while the + input is grounded. 


areca == mmc orn eeepc gerry Su unos Ee 


The differential amplifier, or adder-subtractor, is a device for finding a voltage 


difference between two signals. The basic configuration _e y~ 
is shown at the right. The analysis is fairly simple V R 
but is often confused. Start by observing that V+ is 2 


obtained from Vj by a simple voltage divider and the 
op-amp differential voltage is zero. Thus: 
= R! 
eae Ne V, 
It is then apparent that I = (Vo - V_)/R. Next, consider 
that the current I must flow out through the R' resistor 


from V_ to Vout’ Thus: 


' - ' 
V =V -R'I =V - BAY >) ae (V 


out - - R R 





One common problem that occurs when the differential amplifier is applied is that the 
resistors R-R and R'-R' are not accurately enough matched. This is a particular problem 
when a high gain circuit (R'>>R) is used. What happens is that a "common mode" voltage 
causes the output to pin at one of the supply levels. A common mode voltage is one 
that is present on both inputs. For example, if you have two voltages of 10.0 and 10.2, 
and want to take the difference between them and multiply by 40, you expect 8 volts out. 
If however the resistors are not well matched, the common mode (10.1 volts) is amplified 
and may be more than enough to cause a serious error or to pin the output at one of the 
supply levels 


THE GENERALIZED ANALOG SUMMER 


An extension of the differential amplifier is to allow for the formation of a 
generalized summer. That is, to allow for the summation of any number of voltages with 
either an inverted or non-inverted phase, and with arbitrary weightings. It is of course 
easy to perform this function with two op-amps, cascading one inverting summer into the 
second. In a single application for one piece of equipment, this is often the easiest 
thing to do. If a lot of units are to be made, the calculations may be worth while. 


The first step is to expand the differential amplifier with a large number of 
additional inputs as shown at the right. The same : 
number of inputs should be added to each side. 
Following the same analysis as for the differential 
amplifier, it can be shown that the device sums 
the voltages with equal weighting. Next, suppose 
the job is to sum +0.2V, +0.4V> -0.3V3 -0.5V,. 

We select an input resistor R = R'/10 and use ten 
of these inputs on the + side and 10 on the - side. 


ee 
of 
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We can then perform the specified summation by selecting two of the + inputs for Vi> 

4 of the + inputs for Vo, three of the - inputs for V3, and 5 of the - inputs for Vg, 

and ground all unused inputs. Then we can represent all the paralled resistors by their 
equivalent resistance. This gives the circuit on the left below. We could make the 
parallel combination of the 10k resistor and the 25k resistor, but a different simplifi- 
cation is possible. Note that we grounded four of the + inputs and two of the - inputs. 
Thus, two grounded resistors can be removed from each side. The final circuit is on 


the right below: 






100k 10k 
"3 [too 
100k 100k ae 
. + 0. 
4 | 100k 100k -0.3V, - 0.5V, 
10k 
SS ee ee 
| 100k pK = PROTOTYPE 
SUMMER 
PARALLEL RESISTOR WITH REMOVAL OF 
ae EQUIVALENT EXCESS GROUNDED RESISTORS 
——$WAnn— 





33k 10k 





10k 





8.33k 






= (10k parallel 
parallel for = | with 50k) 
7.14k a 


GENERALIZED ANALOG SUMMER CIRCUITS 


In the above example, it was possible to obtain a simple network by removing the duplicate 
parallel resistors to ground. This method is straightforward and can be used to arbitrary 
accuracy by choosing enough inputs (on paper) to start with. Two points should be brought 
out though: (1) The unused inputs, if any in a given application, should be grounded, not 
left to float, and (2) In some cases, there will be more excess grounded resistors on the 
- input, and there will have to be a resistor to ground from both inputs. The whole 
procedure can be reduced to simple formulas to make things just a matter of calculation 

if this is desired. The procedure has been given by R. Kostanty in Electronics, Feb. 12, 
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1972 and by J. Fidler in Electronic Engineering, Nov. 1973. The basic steps are: 


(1) Select a feedback resistor R'. Calculated input resistors R; to give the 
desired gains on the inverting side (R'/R;). Sum all the inverting gains to 
get K~ (a positive number). 


(2) In the same manner and for the same value of R', select input resistors Ry 
for the non-inverting side to give the desired gains (R'/Rj). Sum these gains 
to get Kt (which is also a positive number). 


(3) Calculate a resistor value Ry = R'/(1 + K7 - Kt). If this value is negative, 
connect it between the -—- input and ground, otherwise connect it between the 
+ input and ground. 


EXAMPLE: Find a summer to give Laer = -2V, - V, +0.5V, +2V, + 3V_. 


1 2 3 4 5 
(1) R' = 10k. Ry = R'/2. R, =R'/1l. K =2+1 23 
(2) R' = 10k. Ry = R'/0O.5. Ry = R'/2., R. =R'/3. Ke =} 0.5 +243 = 5.5 


(3) R, = 10k/(1 + 3 - 5.5) = -6.66k. Connect a 6.66k resistor from the - input 
to ground. 


The network is shown below: 


Be 6 66K 
Vy 
lol. 
Ve lok 
20K 
Va a Vout 
Vs Sk 
3.33 
Vs 


WORKING WITH REAL OP-AMPS 


Working with real op-amps is almost always a question of selecting the right 
type of IC op-amp. The first rule when selecting a suitable op-amp is that to a first 
approximation, all op-amps are alike and to some degree approximate the ideal character- 
istics we have discussed above. Often, op-amps are compared to the type 741 which is 
an industry standard. It is a standard not in the sense that it is outstanding, but 
in the sense that you often hear such expressions as: faster than the 741, or draws 
less bias than the 741. The principle performance parameters of interest for electronic 
music are slew rate and input bias current. IC op-amps fall into two classes with 
respect to the way they are stabilized - internal compensation or external compensation. 
The internally compensated devices are essentially 5 terminal IC's - two terminals are 
+ and - power supplies, the others are the two inputs and the output. Externally 
compensated op-amps have extra terminals that give access to the internal workings of the 
chip. Compensation is accomplished by adding external capacitors and resistors to these 
terminals. The advantage of internal compensation is simplicity; that of external 
compensation is flexibility. 


It should be mentioned at this point that one property of all real op-amps is that 
they must be supplied with a voltage power supply. In many cases, the connections for 
the power supply are not shown on schematics. In such cases it is usually the case 
that a standard +15 and -15 bipolar supply is implied. Op-amps usually do not have a 
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pin to be grounded, although one or more pins may be grounded in a given application. 

While the +15 bipolar supply is standard, it is not necessary in all cases. Some op-amps 
will run on as little as +1.5 volts, an unbalanced supply (e.g., +12 and -6), or a unipolar 
supply (e.g., +9 with the negative pin connected to ground). The output voltage of course 
can never exceed the supply limits. One final note about the supply connections. It is 
good practice to bypass the supply lines by connecting a capacitor of about 0.1 mfd from 
the supply line to ground near the supply inputs to each amplifier. In many cases, this 
can be done for only every fourth or fifth amplifier. It is a good thing to do to avoid 
trouble and when trouble appears, it is a good thing to try to correct such things as high 
frequency noise and spikes that don't belong in the output. 


COMPENSATION AND SLEW RATE 


It is generally known that an op-amp (or any amplifier) must be properly compensated 
to prevent oscillation. This is really only true of feedback amplifiers, or perhaps it 
is safer to say: amplifiers where a portion of the output signal can reach the inputs 
either intentionally or unintentionally. it is sometimes X 1,000,006 
assumed that oscillations and other instabilities are due 
to the high gain, but there must be feedback. The op-amp 
at the right might have an open loop gain of 1,000,000 at 


the frequency we are interested in, and we might want to dpv 4 
amplify a signal with a 1 uwvolt level. We expect al volt - 
Signal out. A practical amplifier however will probably = 


have offset, drift, and noise parameters such that the circuit will not even come close 
to working - the offset will probably cause it to act as a comparator. However, it will 
not oscillate since there is no feedback. 


We have said that compensation is needed to prevent oscillations due to feedback. 
However, if you set up the simple amplifier shown at the 
right with negative feedback, you expect only negative 
feedback, and this will not cause oscillation. The 
simple analysis ignores the possibility of phase shift 
within the amplifier. There will always be some phase 
shift even though you look at the internal schematic 
of the op-amp and see no capacitors. The problem is 2 
that things are much too close inside the IC - significant stray capacitances are a 
necessary byproduct of small size. This is the reason that discrete components must often 
be used for some high speed circuits. 


A stray capacitance from the input to the output (and numerous other capacitances inside 
may make negative feedback into positive feedback. Phase shift is a function of frequency 
and can be expected to increase as frequency does. Thus at some frequency, the total phase 
shift can add to 180°, and if the gain at that point is 1 (0 db), the amplifier will start 
to oscillate. To determine the gain, we must look at the full loop signal path from the 
output back to the input. Any attenuation in this loop will help prevent oscillation. 

It is the puropse of compensation to reduce the gain so that when the phase shifts reach 
180°, the gain is less than one. 


Although we commonly think of oscillation as being associated with high gain, it is 
the unity gain follower that requires the most compensation. 


This is because the output signal is fed directly back with pincer is Output 
no attenuation. If the amplifier is set up for higher 
gain, then the output signal is attenuated as it is fed . Output 


back - this is how we get the desired gain with negative 
feedback. On the other hand, if we compensate for unity 
gain in all cases, we just slow things down. 
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We choose as a basis for comparison the 748/301 type of op-amp. The two types are 
fairly similar. To relate this to the popular type 741, we have only to connect a 30 pf 
capacitor across pins 1 and 8 of the 748, and we get a 741. 


ll 





30 pf 
The 741 (or 748 with 30pf of compensation) is unity gain compensated. This means that 


if we look at a plot of the open loop gain as a function 

of frequency, it falls off at 6db/octave since the 30 pf 
capacitor forms a first order low-pass filter. The open j95 
loop gain is forced to O db (gain of 1) at a frequency 
of 1 MHz, well below the point at which the total phase 
shift could reach 180°. Thus the 741 is stable and in 
general requires no additional compensation. The only 
time where more compensation is required is where there 
is an additional amplifier (e.g., a transistor) in the 
feedback loop. In this case, the compensation can be | 10 Hz 1 MHz 
added by adding an integrating capacitor between the - input and the output. 


OPEN LOOP GAIN 





6 db/Oct. 





In many cases, we are mainly interested in handling and processing audio signals 
that have relatively large amplitudes. These may require little or no actual ampli- 
fication. In such cases, the available open loop gain is of interest only to the 
extent that it improves or degrades the desirable effects of negative feedback (e.g., 
less distortion, lower output impedence). The main concern with such signals is: 
will the amplifier slew (change its output voltage) fast enough? 


If we have a sine wave V =A Sin wt, the time rate of change of voltage is: 
dvV/dt = WA Cos wt 


and the maximum rate of change of this slew rate is where: 


d*v/dt? = -w*ASin wt = 0 
This means that the maximum slew rate is at the point where Sin wt = 0, i.e., the 
zero crossings of Sin wt. The rate of change is just: 
Sin wt = 0 


and since w = 2nf, the maximum slew rate required is: 


SR = 2nf A 
max max 
The type 741 (748 with 30 pf) has a slew rate maximum of 0.5 volts/microsecond. 
For a signal with amplitude of 5 volts, this gives a fmay Of 16 kHz, and only 8 kHz 
for a signal with 10 volts amplitude. For signals of {8 volt amplitude and 


frequencies up to 20 kHz, the required slew rate is 1.256 volts/microsecond. These 
figures apply only to sine waves. A square wave for example would in general have 
Sides that are slew rate limited at any frequency. In general, if we try to exceed 
the maximum available slew rate, we start to turn waveforms into triangles, 
distortion will become a problem, and the output amplitude will drop. Thus, with the 
741, we can expect problems if we try to go too close to the top of the audio range. 
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For unity gain operation, the 748 or 301 used as a unity gain inverter has a slew rate 
advantage if properly compensated. This can be seen from the example circuits below: 





1 v/us 
a 30 pf = 15 pf 
FOLLOWER INVERTER WITH INVERTER WITH 
STANDARD COMP. HALF THE COMPENSATION 


In the case of the inverter, the voltage fed back is divided by two at the - input. This 
means that the signal that causes oscillation must have twice the amplitude it needs in 

the case of the unity gain follower. This allows half the usual compensation (15 pf instead 
of 30 pf) and doubles the slew rate to something like 1 volt/microsecond. For higher 
inverting gains, or for non-inverting amplifiers with a gain greater than one, the 
compensation capacitor can be cut back in inverse proportion to the attenuation factor. 
Thus, the gain of two non-inverting amplifier can be compensated with 15 pf. A gain of two 
inverter or a gain of three non-inverting amplifier can be compensated with 10 pf, etc. 
This can be continued until the gain reaches about 10 corresponding to a capacitance of 
about 3 pf. It is not practical to go much beyond this because either you can't get a 
capacitor small enough, or you already have it as stray capacitance. Also, it may not 

be wise to use less compensation than is required to get the slew rate up to the necessary 
rate as sharp input pulses may cause more overshoot and ringing. In some circuits, you 
ean rig up a "gimmick" capacitor by attaching two lengths of insulated hookup wire to the 
pins for compensation and twisting them together until oscillation stops. For another 
method of getting the compensation capacitor down to increase slew rate, see the chapter on 
mixer design. 


A number of circuits have been developed [R. Dobkin, Nat. Semiconductor Linear Briefs. 
LB-2, LB-4 and LB-14] to increase slew rate by using a different type of compensation. 
LB-2 and LB-14 discuss feedforward compensation for the types 301A and the 308 respectively. 
LB-4 shows a method of extending the power bandwidth (essentially the paramether f,,, used 








earlier) for the unity gain follower. Some circuits are shown below: 
C C 
10v/us 1.3v/us 
-—8 ~8 
41 C=(6x10 )/R C=(5x10 ~)/R 
Op 
FEEDFORWARD COMPENSATION | FEEDFORWARD COMPENSATION 
150 pf OF TYPE 1O1A, 201A, 301A 500 axé OF 108, 208, 308 
Tc 
: 0.5v/us ¥ 1 v/us 
8 
f A 300 pf 
30 pf 
STANDARD COMPENSATION ee au FAST COMPENSATION 
OF 301 as UNITY GAIN FOLLOWER 2-Pole OF 301 as a 
Compensation FOLLOWER 
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INPUT BIAS CURRENT 


Input bias current is the actual current the inputs draw. Whether or not this 
current is significant depends on what it is connected to. In general, it is not too 
important for audio signals, but is more important for control voltages. For example, 
when used as a follower on a capacitor in a sample-and-hold, the bias current (along 
with switch leakage) determines the rate of voltage droop during the hold. It is 
generally fairly easy to calculate what sort of effect the bias current will have on 
the circuit. The magnitude of the effect is also fairly easy to calculate. For example, 
the voltage on a voltage divider might be buffered by a follower. You can calculate 
the standing current in the divider and compare it with the magnitude of the bias current 
that the op-amp will steal. Once this is known,it has to be determined if the magnitude 
of the effect will significantly change the designed performance. 


Below is a summary chart giving bias current and slew rate for a number of common 
IC op-amps using the type 741 in the center of the chart as a standard. 


CA3080 -OTA 
= : ; 18 
LM3900 -—CDA special devices faster Slew nate ie 


MC3401 -CDA Anternnally comp. 


faster slew nate 
747 dual versions uncompensated 





715 
100v/us 


appro xrcmatety 
same 


uncompensated 





Less bLas 
ewrrent Less bisas 


Anternakly comp. 





OP-AMPS AROUND THE /41 


Figure below type number is slew rate 

Figure below slew rate is bias current 800 pa 
(1000 pa = 1 na) (1000 na = 1 ya) 

Slew Rates for uncompensated op~amps 
depend on custom compensation of the device 
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CHAPTER 3B 


BASIC APPLICATIONS OF: 


OPERATIONAL TRANSCONDUCTANCE AMPLIFIERS 


CONTENTS: 
Introduction 
Basic Setup of the CA3080 
Typical Gain Controlled Circuit 
Signal Switching Methods 


Current Switching Methods 


INTRODUCTION 


The Operational Transconductance Amplifier (or its functional equivalent) is the 
single most important component for electronic music devices. Nearly every device 
requires a wide range controlled gain block. The OTA in common use is the RCA type 
CA3080. It has a differential input stage that is driven by an externally programmable 
bias current that controls the gain in a manner similar to the two quadrant transconduct- 
ance multiplier (see chapter 5c on VCA design). There are no resistors on the chip - 
instead a series of transistor current mirrors are used. The output is a current rather 
than a voltage. 


The fact that the OTA is current controlled is extremely important since it can be 
directly coupled to a wide range exponential current source. [It would be more conven- 
ient if the OTA were controlled by a current drawn out of it as it could be coupled 
directly to NPN exponential sources. The OTA requires a PNP exponential source or a 
current mirror. If a PNP source is used, an inverting stage is required to make control 
voltage response conventional - higher control voltages represent an increase in the 
controlled parameter. ] 


As a controlled gain stage, the OTA forms the basis of VCA's and VCF's. It can 
also be used as a signal switch for devices like sample-and-holds. With a saturated 
input, it can be used as a current switch useful for VCO's. 
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BASIC SETUP OF THE CA3080 


The 3080, being a transconductance device has a transfer function Ipyt/Ei, = 8m, where 
2m is the transconductance. Since the 3080 has a standard differential two transistor 
input stage, the transconductance is given by [see chapter 5c]: 


This gives the basic input-output relationship: 


I = 7002 T..-8 Bs” 
out ABC - BASIC CA3080 EQUATION 


' t 


ma ma volts 





Iapc 1s the amplifier bias current and ranges from about 0.5 microamps to 0.5 ma*. The Iape 


can be supplied by a current source, or for a simple setup by a resistor between pin 5 and 






some voltage between -14.4 volts and +15 volts. ‘, 8 
Pin 5 of the OTA is approximately one diode drop ‘Top 
above the negative supply. With such a setup, 3080 Base and 
Tapco is given by: Pin 5 voltage mae 
{ cqntrol 
T ARC 7 OV centvor” a ~15 


-14.4 


This suggests a good test setup consisting of a 

27k resistor connected between pin 5 and the 

wiper of a pot connected between +15 and -15 TEST 

as indicated at the right. SETUP 7k 


The OTA is often used "open loop" and 
no compensation is required. When compensation 3080 
is required, it has to be approached as a worse 
case problem, as the actual compensation depends 
on Iapc and in most electronic music devices, Iapc 
is a variable. The compensation for unity gain 
is shown at the right. It is also extremely 
fortunate that in at least two cases where a closed 


loop is used (sample and hold, voltage-controlled UNITY GAIN 
integrator) the compensation is a part of the COMPENSATION 
circuit anyway. 


TYPICAL GAIN CONTROLLED CIRCUIT 


A typical gain controlled circuit is shown at the top of the next page. The circuit 
can be thought of as the basis of a VCA. The following is an outline of the design: 


(1) The circuit is open loop (no feedback) so no compensation is required. 


(2) We select input signals in the range of +5 volts. The actual OTA input stage 


ower sae lls 




















* Note that the CA3080 can stand Tapc values up to 2ma. There are at least two good 
reasons for not going this high: (1) The device looses linearity, and (2) It can start 
to warm up and the 3080 is famous for the ease with which it can be coaxed into thermal 
runaway. Considerable care should be used to make sure the current to pin 5 is not 
allowed to rise too high in a test setup. A direct short to ground of this pin, for 
example, will destroy the device. 
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(ote +10 mv 


CA3080 
5 OUT BASIC CA3080 CONTROLLED 
IN + 
200 GAIN CIRCUIT 

4M 741 

DC 200 I 1. 307 
Balance ABC = 556 

etc 


is the ordinary two transistor differential amplifier. Thus, for linearity the inputs 
should be limited to 10 mV [see chapter 5c]. Therefore, a 500:1 voltage divider 
(100k:2002) is used on the input. 


(3) If DC balance is critical, a balance stage as indicated should be used on 
the + input. If this is not necessary, the + input can be simply grounded. 


(4) At the maximum value of control current (Lip ) that we choose (say 0.5 ma) 
we want the circuit to have unity gain. We thus ea eure using the basic equation 
for the 3080: 


Tut ma*) 19.2-(0.5 ma)°(0.01 volts) 


0.096 ma 


When the current to voltage converter A2 is attached, we want the maximum output current 
to drive the output voltage to $5. This gives R = 5/0.000096 = 51k 


(5) The signal was supplied to the - input of Al because the 


current to voltage converter A2 is also inverting. In open loop 
circuits, the only difference between the inputs to the OTA is the 
phase. [It may be helpful here to think of the OTA as an op-amp R 
comparator with limited gain. Reversing the inputs changes the | 
output phase by 180°, but the amplifier remains in the linear : 
region. | There are two changes that will give an overall inversion NON-INVERTING 
to the output: (a) The + and - inputs can be reversed, and (b) The CURRENT TO VOLTAGE 
current to voltage converter at the right can be used. CONVERTER 
(6) The control current can be supplied for a test setup Sek 


by a 56k resistor connected to a pot wiper as suggested above. 
The 56k resistor across approximately 30 volts gives the max. 


current of about 0.5 ma for Tap’ 


SIGNAL SWITCHING METHODS 


The OTA can be used in two "switching" modes. In the first mode, an audio signal 
at the input is switched by applying or removing the bias current. The simplest method 
of doing this is to have the current to the control pin be supplied by a resistor that 


is connected to a voltage that switches between the supply limits. A second method 
uses a transistor to drive pin 5 so that a 0 to +5 logic level can be used to control 
the switching. The CA3080 used in this way is an analog switch. Shown also below 


is the setup for a sample and hold circuit. 
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080 3080 





+15 = ON 
-15 = OFF | 10k 
+5 = ON 
0 = OFF 


Switching 
Control Current 


BASIC SAMPLE-AND-HOLD 
CURRENT SWITCHING METHODS 


The second switching mode is one where the input voltage differential is saturated. 
This has the effect of transferring the input bias current to the output in a direction 
determined by the sense of the input voltage. This can best be seen by considering the 
current mirror structure of the OTA as shown below. When the input voltage differential 
reaches about 40 mv or higher, most of the bias current passes through one of the trans- 
istors while very little passes through the other. The attached current mirrors thus 
either receive the bias current or no current at all. The OTA in this state is a volt- 
age reversible current source useful for VCO circuits. 


| QL 


“fe is OUT 


ABC 


o @) 


CURRENT MIRROR STRUCTURE 
STRUCTURE OF OTA 


+15 100k -\5 oer 





TWO STATES OF CURRENT SWITCHING OTA 
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CHAPTER 3C 
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CURRENT DIFFERENCING AMPLIFIERS 








CONTENTS: 
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Open Loop And Logic Circuits 
Positive Feedback 


Negative Feedback 


INTRODUCTION 


The Current Differencing Amplifier (CDA), also known as the Norton amplifier or 
Current Mode Amplifier is a relatively new device with the following useful properties: 
(1) It comes in a package of four amplifiers and is inexpensive. (2) It runs off a 
single power supply voltage ranging 4 to 36 volts (for the LM3900), or bipolar from 
+2 to +18. 


The basic applications considerations for the CDA parallel those of the ordinary 
op-amp. The main difference is that the inputs are currents instead of voltages. 
However, there is a wide area in common as far as general current summing techniques are 
concerned. | 


Basically, we find (1) The device is a high gain inverting amplifier and thus has 
an inverting input. The non-inverting input is obtained through use of a current mirror. 
(2) Inputs set at a voltage of one diode drop (about 0.6 volts). Resistors are used on 
the inputs to convert voltages to currents. (3) When used open loop, when the + current 
exceeds the - input, the output is high, otherwise it is low. (4) With negative feed- 
back, the output goes to whatever voltage is necessary to equalize currents into the two 
inputs. 


Due to the wide range of supply voltage, the device works nicely with CMOS IC's 
in many circuits, It is very useful for providing level detectors in such circuits. 
In fact, a number of logic circuits can be implemented with the CDA that would be 
difficult to find elsewhere. It can therefore be used in other logic families as 
well. 
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OPEN LOOP AND LOGIC CIRCUITS 


A basic CDA comparator circuit is shown at the right. V, 4M 
Currents flow from Vj and Vj to the inputs which are at 
approximately 0.6 volts. If I(+) is greater than I(-) Ve 1M 
the output is high (positive supply) otherwise it is low 
(near ground). If negative voltages are to be compared, 
common mode biasing from the positive supply can be used BASIC COMPARATOR 
and the negative voltages then steal current from the 63M 
inputs. It is also possible to use unequal resistors 


on the inputs. For example, the circuit on the right has LM 
its reference level set by a larger (6.8 meg) resistor . 
connected to the positive supply. When the current 


through the 1 meg resistor exceeds the reference current, 2.7 VOLT THRESHOLD 


the output will go high. The threshold is set for about 

2.7 volts in this case. The third circuit at the right 

shows how the CDA can function as a logic inverter. The im 

reference current is set into the + input in this case 

and is set at a value that should separate voltages M 

about half way between logic levels. LOGIC INVERTER 


A simple extension of this gives a logic OR gate that can have a very large number of 
inputs. The AND gate is a little harder to implement except in the 2 and 3 input case. 
This is because for a very large number of inputs, the difference between all being high 
and all but one may be very small. For this reason, the diode network shown should be 
used for more than three inputs. It may be necessary for some logic inputs to add a second 
series diode to the + input. Either the OR or the AND gates can be made NOR or NAND by 
simply reversing the + and - inputs. 





R 


OR GATE USING CDA 2-INPUT AND USING CDA 
RQ 2A R~ So 


r 
8 
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3-INPUT AND USING CDA HIGH FAN-IN AND GATE 
(National Applications AN-72) USING CDA 


POSITIVE FEEDBACK 


When a resistor is returned from the output back to the + input, a Schmitt trigger 
is formed in a manner similar to the op-amp Schmitt trigger. 
The basic circuit is shown at the right. Assume first that 


the output is low. Then the output will go high when: Veer ‘ Nout 
R, R 





> 
i r 
in re R, | Vin 


3c (2) Reg 


Once the output goes high, current supplied from the output back to the + input helps 








to hold the output high. The output will again fall when: 
R R, | 
i ; 
= LE lt . 
Vie < R, V -ef Re Net where Ue is close to the supply voltage 


The inputs can be reversed to give an inverting Schmitt trigger with a similar analysis. 


NEGATIVE FEEDBACK © 


As was the case with the standard op-amp, 
we can next consider negative feedback. The 
simplest circuit is the follower shown at the 





right. Note that the output voltage is used 
to supply a current to the input through a 
resistor. FOLLOWER 


With the CDA, the ideal property is that the current into the - input will adjust 
to whatever value is necessary to equal the current into the + input as long as negative 
feedback is working. In the follower, the current into the + input is (V;,-0.6)/R 
and the current into the - input must be the same. This gives: 


(Vv, -0-6) (Vo p08) 


R = R ie Lee = Mine 


Note however that Ves must be greater than about 0.6 volts for this application. 


By simply changing the value of one of the resistors, a simple DC amplifier is formed. 
It is now apparent that with negative feedback the CDA performs a function similar to 
the op-amp summing node. The difference here is that the node seems to be split as 

the current sum applies to both nodes - both must receive the same current. The device 
makes more sense when it is realized that the current into the + node is drawn out of 
the - node by a current mirror. This is how the non-inverting input was formed. 


A simple biasing scheme for an AC amplifier R 
is shown at the right. Rnf¢ has been set at Rp/2. — nf 
A current Vs/Rp flows into the + input. Thus, R. |» 
the same current must flow into the - input. \ 
Setting the value of Rpf at half R, means that Q 
the output is biased at about V,/2. In the b 
absence of an AC signal, the output just sits 
there. When an AC signal is applied, the | 
current into the - input from Ry changes the INVERTING AC AMPLIFIER 
DC condition. The output must change to 
compensate for this so that the total current is 
still V,/R,- This gives an AC gain of (-R_,/R)); just what one would expect based on 
the op-amp inverter. 


The non-inverting amplifier is obtained by 


applying the AC signal through a resistor to the R, 

+ input instead of the - input. The circuit is 

shown at the right. The gain of the circuit is Tt) --— 
Rnf/Ry, so there is no residual gain of one as —| 

there is in the op-amp case. Ri 


NON-INVERTING AC AMPLIFIER 
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CHAPTER 3D 


BASIC APPLICATIONS OF; 


ANALOG MULTIPLIERS 





CONTENTS: 


Introduction 
Basic 595 Circuits 
Application Hints for Type 595 


Two-Quadrant Multipliers 


INTRODUCTION: 


Analog multipliers are devices which give the algebraic product of two input 
voltages. In musical engineering, multipliers find a direct application in the 
construction of balanced "ring" modulators. They are also sometimes used as 
the control device in a voltage-controlled module, but their dynamic range may be 
too limited for many applications. They often appear as a building block circuit 
in other structures. 


Integrated circuit versions of analog multipliers are now quite common, and 
can be found in a wide range of price and accuracy. A listing of some common 
types are given on the next page. We will deal here with the type 595 device 
which includes the MC1595 and the S5595, but the circuits are the same for the less 
accurate MC1495 and N5595 types. The 595 was the earliest device developed and 
is now a standard surplus item in the $1 to $2 range. It is generally accurate 
enough for most musical purposes. Other multiplier IC's involve fewer external 
components, but are more expensive. The 595 is quite easy to use once you become 
familiar with it. 
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IC ANALOG MULTIPLIERS 





X Linearity Y Linearity Approx. Cost 
Manufacturer Type Number Typical Max Typical Max. New Surplus 
Motorola MC1494 0.5% i ees 4 0.5% 1.32 
Motorola MC1594 0.3% 0.5% 0.3% 0.5% 
Motorola MC1495 1.0% 2.02 2.0% 4.0% $5 $1.25 
Motorola MC1595 0.52 1.02% 1.0% 2.0% S6 $2.00 
Signetics N5595 bs07 2.0% 2.0% 4.0% $5 $1.25 
Signetics $5595 055% 1.02 1.0% 2.0% S6 $2.00 
Intersil 8013C 0.8% 0.3% 
Analog Devices AD531J 0.8% 0.3% $12 
RCA CA3091D 1.74 3.02 hey By 4 3.02 $6 


APPLICATIONS HINTS FOR THE TYPE 595 


The basic application of the 595 as a four quadrant multiplier requires a level 
shifting op-amp, three or four trimmers, and misc. external resistors and bypass capacitors. 
The basic circuit for the function XY/10 is given in the Motorola applications notes and 
is shown below with slight revisions: 





Y 
1oK 
loK xv/10 
5k, 
X lok 
aK 
£ = 
L K Sk Ry D.c. 2K 
. loK Tei 


2D 
e 


The function XY/10 is proper for a system with voltage levels that max. at 10 volts. For 
systems using a 5 volt level, the correct function should be XY/5. Basically, this is a 
matter of changing the gain of the output amplifier to give twice the gain. A circuit 
that works well in EN projects is shown below: 





Y 
lok 22K 
loK 
(Ok 
2 
jok Zak 


a 


The following points about the type 595 should be noted: 

(1) The device has 4 inputs and 2 outputs. The X inputs are + and -, the Y inputs 
are + and -, and a differential output is available. Commonly, the actual signal inputs 
are +X (pin9) and +Y (pin 4) while the -X (pin 12) and -Y (pin 8) inputs are used for 
balancing. It is possible to interchange these functions to invert operation if required. 


(2) The two outputs can be interchanged to invert the output (e.g. from XY/5 to -XY/5). 
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(3) Balancing can be done by either technique shown in the first two examples (by 
deriving what is equivalent to +5 and -5 supplies)or by other suitable techniques. The 
actual voltage swing needed for trimming is often only of the order of +2 to -2 volts. 

A third technique is shown in the example for a two quadrant multiplier below (see 

the connections to pin 8). The 470 ohm resistors are necessary even if balancing is 
not used and the other side of the resistor is grounded. This prevents RF instabilities 
that could occur if too low an impedance appeared at these pins. RF instability is also 
avoided by adding bypass capacitors to the -15 supply on pin 7. Bypassing of the +15 
supply is also a good idea. 


(4) As a quick test (useful for board testing), just ground the balancing 
pins. Apply +15 to both inputs (output goes to +15). Apply -15 to both inputs 
(output goes to +15). Apply +15 to one input, -15 to the other (output goes to 
-15, and with inputs reversed). Once balancing controls are connected, it is 
useful to balance the AC conditions first by applying a signal of about 5 volts 
at 1 KHz to one input while the other is grounded (or just open if the attenuator 


is on the input). Adjust the balance pot for min signal output. Repeat for the 
other input. Once done, the DC level control should be adjusted for zero volts 
out when the inputs are grounded. It may be necessary to change the value of 


the series resistor Rg in some cases to get this null. However, for best results 
keep the percentage of the range swept by the pot small so that an accurate DC 
zero can be obtained. A good way to check the zero is to set the scope for 

the most sensitive DC range and touch a ground wire to the output. If the trace 
deflects, the zero is not yet properly set. 


TWO-QUADRANT MULTIPLIERS 


Two-Quadrant multipliers have certain advantages in many applications. The two 
quadrant multiplier will be discussed in detail in Chapter 5c on VCA design. What we 
will look at here is the use of the 4-quadrant multiplier IC as a 2-quadrant multiplier 
as suggested by Jung (The IC Op-Amp Cookbook, page 262). The basic procedure is to 
disable one stage while adding a control to the current input to the remaining operative 
stage. The alterations are to pins 9, 10, 11, 12, and 13 as shown below: 


TWO QUADRANT MULTIPLIER 





x to op-amps 
Bipolar Input as before 
210 
50k 
Y . X Trim 
W10 
Positive “OK Y Trim 
Only IN 5oK : = 


510 
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CHAPTER 3E 
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IC TIMERS 
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Special Applications 


INTRODUCTION 
IC Timers are basically IC packages with several comparators, discharge transistors, 
a flip-flop, and possibly additional circuits. Various interconnections and external 


components can be used to provide monostable, astable, and special devices. The type 
5955 is a general purpose timer that is used in electronic music principally as a mono- 
stable (for timing delays, envelope delays, and sequencers). Most of the time, periodic 
waveforms for electronic music are obtained from other types of oscillator circuits, but 
there are cases where the IC dimer does an exact job that would be difficult with other 
devices. The 555 can be used as a monostable for pulse times from 1 microsecond up to 
a minute or longer. When shorter pulses are needed, the TTL type 74121 can be used to 
give pulses as short as 40 ns. To properly use the type 555, it is possible to either 
just copy an existing circuit, or to carefully consider the interconnection of the work- 
ing elements. To use the 555 in unique applications, it is necessary to work with the 
inside functional blocks in the design. 


MONOSTABLE (ONE SHOT) CIRCUITS 


The 555 is very reliable as a monostable. The principal problems that the designer 
encounters in its application are: (1) Failure to provide the proper type and magnitude 
trigger signal, and (2) Failure to properly bypass the power supply line leaving the 
device open to noise triggering problems. The basic monostable circuit is shown at 
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the right. The monostable is triggered by a short 
trigger pulse applied to pin 2. This pulse must be 

a voltage that starts near the supply level V,, and 
falls below about 1/3 V, for a period of time that is 
brief compared to the on time of the monostable. The 
differentiator network R'C' is used to provide the 
necessary trigger. The input side of C' should be 

a square wave or rectangular edged function that has 
a negative transition greater than 2/3 Vg. When the 
trigger arrives, pin 3 goes high and remains high 
until a time 1.1RC expires. It then falls until 
another trigger arrives. Any trigger that arrives 
while the output is high will be ignored. Note that a 0.1 mfd bypass capacitor has been 
added to the Vg supply line. This should not be left out. Vs can range from 5 to 18 volts. 
The capacitor on pin 5 is used to prevent noise problems. Pin 4 can be thought of as an 
"enable" pin, as this must be high to allow the output to go high. The monostable circuit 
can be made to have a voltage controlled on time by driving pins 6-7 with a voltage controlled 
current source instead of with resistor R. 





To understand how the monostable works and to form 
a basis for considering other 555 circuits, it really 
is necessary to look at the internal elements as shown 
at the right. The internal elements are shown with 
heavy lines while the monostable interconnection is 5 
shown with a thinner line. Note that internal references 
are provided by the three series resistors labled "r". at 
In the absence of warping by an external voltage on pin fe 
5, their voltages are 1/3 Vg and 2/3 Vg. The stable : 
state is when pin 3 is low, TR-1 is on, and pin 2 is 





high. A negative pulse triggers comparator C2, R' 

resetting the flip-flop. Pin 3 goes high, and TR-l 

is shut off, allowing capacitor C to charge through R. aI 

When the voltage on C reaches 2/3 V,, comparator Cl Cc 1+ 4 TR-1 
sets the flip-flop, pin 3 falls, and TR-1 discharges C. 


If it is desired to have the monostable retrigger, this 
can be accomplished by triggering pins 2 and 4 in parallel. This causes a glitch in the 
output which may or may not be a problem depending on the application. 


For short output times shorter than 1 microsecond, the TTL series monostables should 
be used. The setup of the type 74121 is shown at the right. : £ 

The time is set by resistor R (which must be between 2k and 
40k) and the capacitor C according to t = 0.69RC. Times up 
to 40 seconds are possible. To trigger on a positive going 
edge, ground Al and A2 and apply the trigger to B. To 
trigger on a negative going edge, set Al and B high and 
apply trigger to A2 (or reverse roles of Al and A2). 


For a short retriggerable monostable, the type 74122 
can be used. This will give pulses of from 40 ns up. 
The time is determined from R and C according to: 


t = 0.32 RC [1 + (0.7/R)] 


For positive edge triggering, Al, A2, B2, and CLR should 
be high - apply trigger to Bl. For negative edge triggering, 
Al, Bl, B2, and CLR should be high - apply trigger to A2 
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ASTABLE (OSCILLATOR) CIRCUITS 


A simple astable circuit can be formed by resorting to the popular integrator - 
schmitt type of oscillator. The Schmitt trigger can be comprised from the two compar- 
ators and the flip-flop. The integrator is formed with an external capacitor and a 
resistor feeding back the output. The basic circuit is shown below, along with its 
representation in terms of the functional units inside the 555. 


SIMPLE ASTABLE CIRCUIT 





The capacitor voltage changes (exponentially, approximately triangularly) between 1/3 V. 
and 2/3 Vg. The frequency is given by f = 0.78/RC. Operation is quite simple. With 
the output high, the capacitor voltage rises until Cl triggers, causing the output to 
fall. The capacitor then discharges down until C2 triggers, causing the output to rise 
again. The 22k resistor connected to pin 5 tends to shift the reference levels slightly 
to give a more symmetric square wave. 


The astable from the manufacturer's applications notes is shown below. This 
circuit has a duty cycle limited to less than 502. The circuit is controlled by pin 
7. When pin 7 is cut off, the capacitor charges through Ra and Rpg. When pin 7 goes to 
ground (triggered by Cl reaching 2/3 Vg), discharge is through Rp only. The time for 
the capacitor voltage to change between the 1/3 and the 2/3 levels for a standard RC 
exponential decay is 0.685RC. This can be used to determine the frequency of oscillat- 
ion as l. 46/[ (Ra + 2Rp)C]. M. Robbins has shown [Electronics, June 21, 1973] that the 
full duty cycle range can be achieved by setting pudepenaenet charge and discharge paths 
as shown below at the right. 






MANUFACTURER'S 
CIRCUIT 





Jung has shown [PE Jan 1974] a simple square wave 
circuit that takes advantage of the current sinking of 
pin 7. The actual charge and discharge paths differ by 
less than 14 and the waveform is nearly edaoree The 
frequency is given by 


£ = 1.43/R9C 
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Two additional astable improvements have been described. A. Klinger [Electronics 
Sept. 19, 1974] has shown a circuit that provides independent charge and discharge athe 
The circuit is shown on the left below. Rx and Ry should both be much greater chan 1k ) 
If Rx and Ry are from a dual pot, the frequency of a Square wave is controlled (same ace 
Jung s circuit). If Ry and Ry are the segments of a single pot, the point p being the 
pot wiper, then the duty cycle is controlled independent of frequency. Js Carter 
[EDN June 20, 1973] has described the circuit on the right below. This is an seca ie 
Acad self triggering a monostable. The charge and discharge times are independent. 
ts wae eo you need both monostable and astable modes (see chapter 





SPECIAL APPLICATIONS 
The 555 can be used as a Schmitt trigger by connecting the two comparators together 
and applying a weighted sum of the input, Vg, and ground as shown in the circuit below. 
If necessary, the voltage on pin 5 can be altered (e.g., by pulling it down to reduce the 
difference between the references) to suit the input. 


The 555 can be the basis of a touch triggered switch as shown in the circuit below. 
The contact duration however should not exceed the time the output is high. Thus, certain 
applications will not work well if the output is high only for a time short compared with 
the shortest expected finger contact time. 





TOUCH SWITCH 





SCHMITT 
TRIGGER 


The 555 is ideal in certain sequencing devices as one 555 monostable can be used to 
trigger another down the line and so on. This could be for very rapid sequencing as 
one would use in digital circuits, or for slow sequencing on the order of seconds for the 
actual control of musical structure. The important thing here is to make sure all the 
power supply leads are well bypassed or else the switching may trigger more than one 


monostable down the line. 
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CHAPTER 3F 


BASIC APPLICATIONS OF: 


DIGITAL INTEGRATED CIRCUITS 


CONTENTS: 
Introduction 
Application of Logic Gates 
Application of Flip-Flops 
Special Applications of MSI Devices 


Designing with TTL Logic IC's 


INTRODUCTION 


Although the use of digital circuits in electronic music devices is increasing, 
and may eventually take over many or most of the functions now assigned to linear 
circuits, it will not be possible here to examine all the possibilities. Instead, we 
shall orient the present discussion toward applications that are really non-digital 
but use digital IC's. These are basically "one bit" digital circuits that interface 
functionally with analog circuits. We shall actually be doing three things here: 

(1) Examine the basic applications of the simplest IC digital circuits, (2) Indicate 
how some of the more complex IC's have been used in specific applications, and (3) 
Describe basic applications considerations for TTL, leaving CMOS for the next chapter. 


The reader interested in the development of digital structures for electronic 
music is advised to study the available literature of logic design, computer structures, 
and digital filters. A thorough study of the data sheets and applications literature 
on the larger MSI and LSI circuits should also facilitate applications and suggest many 
new uses. 


APPLICATION OF LOGIC GATES 


Logic gates can be used to make AND decisions or OR decisions - that's the 
original and obvious purpose. What we want to discuss here are the cases where 
special tricks can be used. What we say here applys to TTL, and to the 74C00 
Series of CMOS, and in general, any IC logic family that has the necessary logic 
gates. The basic gates are usually inverting, so they are called NAND and NOR. 
The AND and OR decisions are: 
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Another useful gate is the EXCLUSIVE OR gate which gives a decision for one and 
only one. However, by the same token, it can be thought of as giving one state 
if the two inputs agree, and the other state if the two disagree. 


e) { ' 
0 
0 t 0 l 
These gates commonly come four to the IC package, so often the trick is to 


keep the package count down by using what is available. In particular, the gates 
are often used as inverters. Often the inverters necessary are available as left 


oe = tI = De 
= 


The EXCLUSIVE OR gate can also be used as an inverter. Also, depending on the 
State of one input, it can be programmed to invert or not invert a digital signal. 


When one needsan actual AND or OR gate, an inverter can always be added after 
the NAND or NOR gate, but often times, there are other ways. There is a basic 
principle of logic that says that AND and OR gates change function when one changes 
from negative to positive logic. In practical terms this comes down to something 
like: Here is an IC and this is the way it responds to input conditions —- does it 
do the job I want done? 


For example, suppose you need a NOR gate and have only a quad NAND. Use 
three of the NAND's as inverters, and connect up the following: 
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Checking out the three input conditions, you can see that this behaves as a NOR. 
without the final inverter, it is an OR gate. In the same manner, we can form 
a single NAND gate from a quad NOR. Leaving off the final inverter gives an AND. 


) 0 





The little circles on the outputs are used to signify that the output is 
inverted. The same circles (called bubbles) can be put on the inputs to 
signify that we have placed inverters there. With this notation, we have the 
following equivalent notations for AND, OR, NAND, and NOR. 


DD Dp '"D 


Up to this point, we have only found something that is useful for emergencies. 
Generally, there would be no point in using a full package when all that is needed 
is one gate. Where this sort of thing starts to get practical is in cases where 
what is needed is an AND or an OR (saving the output inverter) or where it is not 
are already present in the circuit. If you have a flip-flop for example, you have 
both Q and VU available already. 

If you need a single NAND and a single OR, then a quad NAND package will do. 
If you need a single NOR and an AND, then a single NOR package will do. 

Next, as an example suppose you need an AND, and all you have is a left over 
NOR. That is you want to AND A and B together, but have only a NOR. You could 
bring in a quad NAND and use one section as an inverter on another. This would 
bring in another IC package and leave the extra NOR and two NAND's. The thing to 
look for here are A and B in the circuit somewhere. If you find them, you can feed 
them to the NOR gate and have an AND decision made. The saving could be very 
important for large production runs, but all this is secondary to the satisfaction 
you will probably feel for having beaten the system. The important thing to bear 
in mind is that the NAND and NOR gates can be made to do each other's jobs. This 
street runs both ways however. You should be aware that just because you see a 
NAND gate or a NOR gate, this does not mean that these are necessarily the actual 
logic decisions being made. Here, the notation with the bubbles on the inputs can 
be very helpful as the right sort of gate for the logic function being performed 
can be shown. 
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Two logic gates can be cross-coupled to form an elementary flip-flop called 
an R-S flip-flop or a latch. The configuration with two NAND gates is: 


S e 


7 0 
| 


The two outputs Q and Q are complementary (when one is in the 1 State, the other 
is in the O state). Both the inputs (R and S) are normally held at logic 1. Then, 
a logic 0 on S will set the flip-flop (Q=1, Q=0) and it will remain in this state 
even if the logic 0 on S returns to a logic l. The only way to change the state 
is to apply a logic 0 to R (reset) and the state of the outputs will become Q=0, 
Q=1. It should be kept in mind that the two gates are still gates, and do not have 
any way of knowing they are connected as a flip-flop. Analysis of this type of 
circuit requires a few drawings and a belief that the gates still obey their own 
rules. 

The corresponding R-S flip-flop with a pair of NOR gates is shown below. The 
circuit is essentially the same, except the inputs are held at logic O and the 
setting or resetting is accomplished by applying a logic 1 to S or R. 


Ss 
Qa 


a 
R 
The R-S flip-flop is the basis of many envelope generator circuits. The 
flip-flop is set by a trigger signal, and an envelope is initiated. When the 


envelope reaches a certain stage, the flip-flop is automatically reset and the 
envelope finishes. 


APPLICATIONS OF FLIP-FLOPS 


The R-S flip-flop formed from two logic gates as shown above is a simple latch type of 
circuit that "remembers" the last state change that it was asked for. With additional 
inputs, flip-flops can be designed to perform other memory and decision functions. 


The J-K flip-flop (7473, 7476, 74107) has the usual Q and Q outputs. In addition it 
has two logical control inputs J and K, and a clock input. When a clock signal arrives 
(usually a negative going transition), the flip-flop either changes state or does not 
depending on the input conditions J and K: 


With J and K grounded, no change takes place 

With J and K high, the state always changes (Q>Q, Q > Q). 

If only J is high, Q goes high (or stays high if it is already high). 
If only K is high, Q goes high (or stays high if it is already high). 


Note that Q and Q always complement each other - they can not be in the same state ever. 
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With J and K high, the flip-flop divides an input square wave by two. Musically this 
is an octave division. An input pulse will be "squared up" by the same arrangement. 
Division by powers of two is a matter of cascading more flip-flops. 


a 


IN PULSE 
T a 
OvUT 
DIVISION BY TWO | DIVISION BY TWO SQUARING UP PULSE 


As indicated above, the basic divider circuit is the binary divider (BD) formed 
from a JK flip-flop. The BD divides by 2 and gives a symmetric Square wave output for 
any input where triggers are periodic. Note that +4, +8, +16, etc is a simple matter 
of cascading +2 circuits. 


Division by 3 (and higher odd numbers) can be done for a symmetric (S) or a non- 
symmetric (NS) output. Symmetric outputs for odd numbers 3 and higher require a 
Symmetric square wave input. Division for these odd numbers is actually easiest with a 
walking ring counter (WRC) which gives a non-symmetric output. A method of symmetric 
division for any number has been described by D. A. Scott ["Divide-by-N Circuit Has 50/50 
Duty Cycle," EDN July 5, 1973]. This method requires exclusive-OR gates in addition to 
flip-flops. For even numbers other than powers of two (6,10,12,14,18...etc.), it is 
usually best to factor out powers of two, implement the remaining odd number division by 
the easiest method, and then binary divide the output. 


Below are shown a series of divider circuits for +2 to #16. These have been chosen 
mainly for symmetric outputs by the simplest method of those discussed above. A few non- 
Symmetric dividers are included where these may be used to reduce IC package count. 


The Following Codes Apply to the Divider Circuits: [Note: Gauend J, K should be high] 


BD -Binary Divider(s). The output is symmetric for periodic triggers to the 
last stage. 

NS=3 -Non-Symmetric divide-by-3 (requires only two flip-flops). Used as a basis 
for several symmetric circuits (+6 and +12). 

WROC —Walking Ring Odd Counter. Output is non-symmetric. Shown for +5 and aa EH 
extension to +9 and +11, etc., is straightforward from these examples. 

EXOR -Exclusive-OR method from EDN reference above. Output is symmetric. 





+6 NS+3 plus BD +7 EXOR 
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+14 WROC plus BD 





A D-Type flip-flop (TTL 7474, 74174, 74175) has the usual Q and Q outputs. The 
controls are a D input (D=Data) and a clock. When the positive edge of the clock arrives, 
the input on D is transferred to Q. Changes in D at times other than when the clock is 
going high are ignored. 


A somewhat similar circuit is the latch (TTL 7475). The latch has Q and Q (usually) 
outputs, a D=Data input, and an enable control. With the enable high, data is transferred 
continuously to the Q output. When the enable goes low, the Q output retains the last 
D input it saw. It holds this until the enable again goes high. 


SPECIAL APPLICATIONS OF MSI DEVICES 


In addition to the standard digital applications for digital IC's, there are often 
Special applications for the MSI devices (medium scale integration). Below we will be 
listing a few TTL devices and describe briefly useful applications: 


DIVIDERS: In addition to the divider circuits using flip-flops, dividers can be 
formed from MSI devices. 
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The 7/490 is a decade divider (+10) which can be used as a +5 and a +2 by proper 
connection. The 7492 is a+12, which can be broken down into a *6 and a2. The 7493 
is a ¥16 counter which can be broken into a +8 and a+2. With these, certain dividers 
can be easily implemented with a single chip. For more divider circuits see the chapter 


on counters in R. Morris & J. Miller (Eds) Designing with TTL Integrated Circuits, Texas 
Instruments Inc., (1971), and the TTL Cookbook by Don Lancaster (Sams publishers). 


UP-DOWN counters may also be used. These counters count either up or down depending 
on a control input to the chip. These include the 74190, 74192, and the 74193. These 
can be used for circuits like envelope generators that step up and then later step back 


down. 


Programmable divide-by-n circuits can be used as programmable dividers for frequency 
division, or for keyboard circuit digital counting (usually using two such chips to 





expand the division to 8 bits). The TTL type 74193 can be used as a programmable 
divider. The type DM8520 from National is also popular. The setup of a single chip 
and the programming is indicated below. The output has one high pulse for n-1 low ones. 
OUT 
Programming of DM8520 
by PL P2 P3 P4 
The Type DM8520 2 1 i ‘ P 
3 
Programmable : i. ; : 
Divide-by-N 5 0 0 0 1 
6 0 0 1 0 
7 0 1 0 0 
8 1 0 o 1 
9 0 0 1 if 
10 0 l 1 0 
1 1 1 0 1 
1 1 
IN 13 0 : 4 : 
14 1 0 1 1 
15 0 1 1 1 





Pl P2 P35 Py 
The series of data distributers and multiplexers can be very useful. 


the following: 


These include 


74150 16 line to 1 line selector 


74151 8 line to 1 line selector 
74152 8 line to 1 line selector 
74153 Dual 4 line to 1 line selector (common address both sections) 


74154 4 line to 16 line decoder 
74155 Dual 2 line to 4 line decoder 
74157 Quad 2 input data selector 


A popular application is indicated below. The 74193 up/down counter is used to drive the 
74154. The count address (A,B,C,D) from the 74193 is decoded by the 74154 into 16 differ- 
ent output lows. This gives the rough equivalent of a 16 stage bucket brigade counter. 
This has the added advantage that it can be made to go either direction. 





The circuit can be used as an envelope generator for example, or as the basis of a 
sequencer. Additional applications of these selectors include keyboard scanners for 


digital keyboards. 


Priority encoders such as the 74147 and 74148 have possible applications in keyboard 
circuits (EN#52). These can select a highest key when more than one is down. 
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Some packaged counter circuits like the 74164 8-bit parallel shift register’can be useful 
for circuits that require access to the insides of the counter such a programmable pseudo- 
noise generators. 


The types 7497 and 74167 are rate multipliers. A wide variety of useful applications 
of these circuits have been discussed by Stephen Wilson [EN#42 (5)]. 


DESIGNING WITH TTL LOGIC Ic’S 


TTL is a current sinking type of logic - the inputs must be pulled down by drawing 
approximately 2 ma from them. Thus, an unconnected TTL input is high, or will at least tend 
to stay high. However, if an input is unused and should be high, it should be tied to +5. 
If it is unused and should be low, it must be grounded and not left open. 


TTL circuits generally have an "active pullup" known as the "totem pole output." This 
means that even though logic is handled through pull down, there is no need for a load 
resistor to allow the outputs to go high in the absence of pull down, unless the circuit is 
of the "open collector" type. There is generally no problem having a high output drive an 
attached input high as well. There is a limit on the total sink current that can be drawn 
however, and this determines the number of inputs that can be driven by any one output. 
This figure is called the "fan out" and is 10 for most TTL, but may be 30 for some "buffer" 
type of outputs. 


Open collectors are used for driving something like a LED by sinking one of its 
terminals as shown below. It also makes possible certain "wired OR" circuits of the 
type shown below on the right. 4 


3 5 wake 
330 pe ef > , 
ee 4" 
= >. 
tee OvT 
OPEN COLLECTOR DRIVING LED A WIRED 5 INPUT OR GATE 


In general, two outputs should not be connected together, but this is possible with open 
collector structures like the wired OR. 


It is a good idea (essential in many cases) to provide power supply bypassing capacitors 
for the TTL circuits. These should be distributed throughout the circuit. Usually values of 
0.01 mfd every third gate package or one for every MSI package are recommended. These 
capacitors prevent heavy switching currents in one chip from being coupled through the 
power supply lines to another chip. These spikes could cause noise triggering if they 
are not "soaked up" by the bypass capacitors. 
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INTRODUCTION 


CMOS IC's can be used in both digital and linear applications. The IC's have a 
number of properties that make them nearly ideal (wide power supply range, high input 
impadence, low power consumption, high noise immunity, and some unique devices such 
as the analog switch). The devices are available in the original 4000 series and a 
74C00 series where devices are functionally equivalent to the popular 7400 series TTL. 
The IC's require a little more care than other IC's, but not as much as is often 
thought. 


BASIC CMOS APPLICATIONS CONSIDERATIONS 


CMOS stands for Complementary Metal Oxide Semiconductor. The most basic CMOS 


structure is the CMOS inverting amplifier which is a Vs 
diagrammed at the right. It can be considered to 

be two complementary FET's in series with a common P 
gate. When the gate is low, the lower N-FET is 


off while the P-FET is on. The output is effectively 
a resistor of about 400 ohms to positive supply - IN N OUT 
-hence it is high. With the input high, the P-FET 
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is off and the N-FET is on representing a resistance of about 400 ohms to ground - hence 
the output is low. The device is thus a logic inverter. The gate structure is an 
insulated gate and thus has a very high input impedance (10!2 ohms) and is best modeled 

as a capacitance of about 5 pf. Input currents are only about 10 pa. When input voltage 
is close to half the supply, both the P-FET and the N-FET have about equal resistance and 
thus form a voltage divider that sets the output at half the supply voltage. This is the 
basis for the self biasing method for CMOS in the linear mode. When the input goes to 
either side of the supply half point, the output will favor one state. The region of 
uncertainty around the midpoint is quite small and thus CMOS is said to have high noise 
immunity. It should not be assumed however that the CMOS inverter behaves like a 
comparater with a reference at half the supply voltage. In many cases, the results are 
consistent with this assumption, but the actual case is that for a supply voltage Vs, noise 
of about 0.45 Vg will not propagate. This is just saying that an input that is close to 
the uncertain region will in general cause an output that is more removed from the uncertain 
region. A few stages into the system, the level switching between Vs and ground will have 
restored itself. 


In logic circuits, one of the two FET's is off except when the device is actually 
changing state. Thus essentially no standby power is drawn (current drain is about 5 na). 
At audio frequencies and below, the on time is a very small percentage of the total time, 
and the average current is very small. The CMOS IC will run on any voltage between 3 and 
18 volts. 


When used as logic devices, application is quite similar to other logical IC types. 
The main difference is that a much larger fan-out can be used due to the low input imped- 
ance. The main limitations on fan-out are due to the time required to charge the gate 
capacitances of the combined structure. 


LINEAR CMOS APPLICATIONS 


CMOS IC's can be used in a number of linear circuits and oscillators. Two oscillator 
circuits are shown below: 


> ppl 


RING OSCILLATOR £%1/(n*2x10°) ~ 0.559/RC 


The first circuit is the ring type of oscillator that requires an odd number of gates (n). 
The design formula for the frequency is not especially accurate, but it does show that for 
practical numbers of gates, the frequency is in the MHz range. The second oscillator is 
more accurate and the frequency can be much lower. 


As suggested above, it is possible to use negative feedback to self-bias the CMOS 
inverter at (1/2) V..- This is done by using a resistor 
(usually in the megohm range) Rnf as shown at the right. 


R 

nf 
It is then possible to use an input resistor Rj and obtain 
an inverting gain of Ry¢/Ry. The performance can be R. | ) | 
improved by using cascaded inverters instead of just the — | 
one. The total number of inverters must be odd. The input 


impedance is higher than the value of Rp-¢. Note that AC 
coupling is required in most cases. 


Another useful application of the CMOS IC's in linear circuits is to increase output 
drive current or input impedance. The FET inputs can be used to change an ordinary op-amp 
into a FET input op-amp [W. Jung, PE Aug. 1974]. However, the total power supply voltage 
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to the op-amp must be reduced since the CMOS can only handle 18 volts total. 


To see how the CMOS circuit can be used to boost output current, it is first 
useful to look at the way NAND gates and NOR gates 
are implemented using the CMOS structure. At the 
right it can be seen that when the inputs of a NAND 
gate are coupled, there is twice as much drive 
current from the + side of the supply as is 
possible from the inverter. This is because there Jy 


are two channels for the current to flow through. NAND GATE OUT 
If on the other hand the two inputs of a NOR gate 
are connected, there are two channels to ground OUT 


available. Thus, compared to the simple inverter, 
the inverter formed from a NAND gate is a better 
source, and the inverter formed from the NOR gate 
is a better sink. This will become important when [yn NOR 
we consider the interfacing of CMOS with other: CATE = 
logic systems. 





In making a post amplifier from CMOS to increase current drive, we have seen 
that there is an advantage to using NAND gates for a source and NOR gates for a sink. 
This can be extended for bipolar operation in which case the NOR gate supplies 


current from a negative supply. By connecting a parallel combination of 4 NAND 
gates and 4 NOR gates, a post amplifier is formed as shown below that can supply 
currents up to 40 ma. The overall amplifier is inverting so this must be taken 


into account if the amplifier is used within a feedback loop (as will usually be 
the case). 





OUT 





AMPLIFIER GIVING UP TO 
40 ma DRIVE CURRENT 


OUTPUT STAGE GIVING 
UP TO 40 ma DRIVE CURRENT 


BIPOLAR SUPPLY 
(e.g. +6) 


THE ANALOG SWITCH 


A unique device that is available in the CMOS line is the type 4016 quad analog 
switch. These switches will handle any voltage between the supply limits. When 
the switch control voltage is high (+ supply) 
the switch is on and the device becomes what Vs 
is equivalent to a 400 ohm resistor. When the 
switch control is low (- supply or ground, 
whichever the case), the resistance is very 
high. The quad switch has a number of very 
useful applications since the designer can 
use what is actually a voltage controlled 
switch. The switch finds applications in 
sample-and-hold devices, envelope generators, 
and other control voltage circuits. The 
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analog switch can also be used as a control element for audio signals. The switch is 
controlled by a rectangular waveform of ultrasonic frequency and variable duty cycle. 
This changes the effective value of an attached component in proportion to the duty cycle. 


CMOS HANDLING PRECAUTIONS 


The following is a listing of handling precautions for CMOS IC's. 


[1] Store CMOS in protective conducting foam or in styrofoam which has been first 
covered with aluminum foil. If Al foil is used over styrofoam, avoid pushing the leads 
into the same holes twice. Never use styrofoam without foil - store them in the open if 
no foil is available. | 


[2] Ground the soldering iron tip with a thin wire wrapped around it, or solder in 
CMOS by allowing solder to flow from a grounded circuit board trace (or any trace that has 
a DC path to ground, even in the megohm range) to the IC pin. 


[3] Whenever possible, install the CMOS Ic's last. Make changes in the circuit with 
the power off. For major changes, remove the CMOS if this is convenient. When installing 
a CMOS IC, hold it on one hand and touch a ground (circuit ground) with the other hand 
before touching the IC leads to the mounting position. 


[4] The inputs are protected by diodes that run to the supply levels. The input 
voltages should not exceed the supply limits or these diodes may conduct current and heat 
up the entire chip. When the power is off, both supply limits are zero. This means that 
a voltage source should not be connected to any input if the CMOS is not under power - 
unless there is a series resistor to limit current. The current in this case should never 
reach 50 ma, and should be limited to 10 ma or less. Thus a signal of 10 volts through 
a standard 1k output resistance from a synthesizer is right at the limit. 


[5] Never let an input float. The input impedance is so high stray currents can 
charge the input. The input should be either grounded, connected to Vs, or connected to 
a used input. The selection is based on proper logic function and loading. 


[6] CMOS should never get even warm when it is functioning properly. If it gets hot, 
shut down power immediately. Some early CMOS IC's had input protection that could turn 
into an SCR and burn itself up. 


CMOS INTERFACING 


The major interfacing interest is CMOS to TTL and TTL to CMOS - (CMOS on 5 volt supply). 


TTL to CMOS: TTL will directly drive 74C00 CMOS. For 4000 series CMOS, it is a good 
idea to use a pull-up resistor on the TTL output (e.g., 10k from the TTL output to +5). 


CMOS to TTL: Since TTL is a current sinking logic and TTL inputs float up to the high 
State naturally if not held down, there is no problem driving the high state. The question 
is will CMOS sink the necessary 2 ma from a TTL input. The answer is no. It is necessary 
to have two parallel CMOS outputs to sink TTL. Note however that this refers to the 
CMOS inverter structure. Looking back to the discussion of linear applications above we 
Saw that the NOR gate had twice the sinking ability of the inverter since it has two 
channels to ground. This means that the CMOS NOR gate can be used to drive TTL. 
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INTRODUCTION 


There is a good deal of interest in IC's that are made with specific musical 
applications in mind (e.g., top octave generators), or which perform the general functions 
that are normally done by electronic music modules (e.g., a VCO chip). Some of these 
were intended for the consumer market for use in mass produced "electronic organ" type 
instruments. Of particular attraction to the musical engineer are those devices which 
might serve as an electronic music module or at least as a portion of it. As of this 
writing, no complete electronic music modules with satisfactory characteristics are 
readily available on a single chip. There are however many interesting and useful 
devices, a few of which are discussed below. 


VCO AND FUNCTION GENERATOR CHIPS 


A number of VCO chips (function generator chips) are available. All of these have 
a linear frequency/voltage response so are not directly suitable for the standard 
exponential keyboard VCO application. The earliest of these devices was the type 566 
which still finds some applications. It provides square and triangular waveforms. A 
recent device is the Intersil 8038 which features triangle, square, and a sinewave 
output. The duty cycle of the rectangular waveform can be altered (along with the 
other waveforms) to provide a relatively sharp reset sawtooth. The sinewave is 
obtained by an on chip sinewave shaper which is driven by the triangle, and distortion 
can be trimmed to as low as 0.5%. Several attempts, with limited success, have been 
made to use this chip in electronic music VCO's by converting to an exponential response. 
It is probably most useful however to use it as a utility type of oscillator. Rossum 
(EN#16) has shown one such circuit for implementing voltage control and buffering the 
outputs. The circuit is shown below: 
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LINEAR VCO (D. Rossum EN#16) 
as shown 


Anderton (EN#53) has described a circuit that uses the 8038 as a test bench oscillator 
Note that this circuit is still voltage-controlled since the voltage on the pot wiper 
determines the frequency. The circuit also shows the use of a diode to effectively 
drop the positive supply voltage to obtain greater range as described in "Everything 
You Always Wanted to Know About the 8038," (Intersil, May 1973). 


TOP OCTAVE GENERATORS 


It is possible to start with a single oscillator operating in the low MHz range 
and employ suitable digital circuits (often divide-by-n counters) to obtain a set of 
frequencies in the audio range that approximate the tones of the equally tempered 


scale [see chapter 7b, pages 7 and 8 on "Digital Counting Interfaces," and the 
The need for such a set of tones is widespread enough 


references listed there]. 
One such chip 


to encourage a single chip implementation of the necessary circuits. 
is the Mostek MK5024 which operates on a single 15 volt supply and provides 13 tones 
(twelve tones plus an octave of the lowest one). The top note is a division of the 
input frequency by 239. The top octave generator can be used to generate a full 
keyboard of tones through the use of binary dividers which give the lower octaves. 
All the tones generated by this method are in effect locked together, so there is 


no "ensemble" effect created by playing more than one note. When a separate 
oscillator is used for each note (either in the top octave, or for all notes) it is 
possible to create richer blends due to slow beating between tones. In some 
applications however, the top octave generator is too much more efficient to be 


ruled out for lack of ensemble. 
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INEXPENSIVE FUNCTION GENERATOR (Craig Anderton) 


BINARY DIVIDERS 


5k Offset 





750 


-15 


68k 


O db 


680% 


Square waves in octaves are generated by simply cascading flip-flops. These 


can be used to generate lower octaves for a keyboard for example. 


Such dividers 


can be implemented with single or dual JK flip-flops, but this in general requires 
a good deal of wiring (besides the interconnections between flip-flops, numerous 


J, K, preset, and clear inputs should be wired high). 


The type 4024 CMOS binary 


divider divides by 2, 4, 8, 16, 32, 64, and 128 on a single 14 pin chip. 


Pe ; yore 
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PHASE-LOCKED LOOPS 


Phase-locked loops are often used in frequency handling systems. The types 
060-565 phase locked loop chips are simple and useful in limited frequency range 
applications. For general music handling, a wide range is required. The type 
4046 phase-locked loop is useful in such applications as it discriminates frequency 
as well as phase, and can be used over a 1000:1 range. It cannot be used by itself 
as a pitch follower in a general system however. At least some input processing 
will be required even for a restricted pitch follower. One such tracking circuit 
has been described by Greisel (EN#24, pg. 4), and is shown below: 


Input Processed 







for Fundamental | 10k 

10k divide-by-n 

(optional) 
=~ Comparator }—. 
OUT 

20k = 
PHASE-LOCKED LOOP TRACKER Rl 0.01 for VCO max = 5 KHz 
(ENH24 = Ly Greisel) - R2 Filter Typical: Rl = 1 to 10 meg 
R2 = lk 
= 1 mfd 


Te " 


The filter is the only part of the loop that needs to be optimized. The R1-C time 
constant determines the rate at which the loop slews from one input to the next. This 
permits the loop to serve as a glide circuit. The loop (like all phase-locked loops) 
does not lock completely on the input frequency, but rather wanders about the input. 
The rate at which it wanders is determined by the ratio R2 to Rl. Smaller values of 
R2 cause a smooth wandering - larger values cause a more rapid jitter. Sample-and- 
hold can be obtained by inserting a switch between R1 and pin 13. When the switch 

is opened, the last frequency tracked will be held. The circuit has a wide capture 
range, but the comparator must be triggering on the fundamental. Thus, the success 

of the 4046 as a pitch tracker depends on input processing. 
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INTRODUCTION 


There are numerous useful circuits that go somewhat beyond the basic applications 
of op-amps discussed in Chapter 3a, and yet are more general than specific electronic 
music modules to be discussed in chapters 5a through 7c. A few of these circuits that 
the reader should be aware of are given below. Additional applications can be found 
in the applications literature for op-amps, and books on op-amp applications such as 
Walter Jung's The IC Op-Amp Cookbook (H. Sams, 1974). 


AUDIO CIRCUITS 


Basically, most electronic music circuits are audio circuits - what we have in mind 
here are circuits for use with audio equipment in electronic music studios. We will 
illustrate the basic idea with an example, the microphone/tape recorder amplifier below: 


ae [ok ise [OK 


1 mfd 1 mfd 
Tape Recorder 
IN 
Microphone AMPLITUDE 100k oe 
IN 470k Lea 
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The circuit is useful when a signal from a microphone must be amplified for processing in 
synthesizer circuitry, or when a tape recorder level signal must be input. With the jack 
arrangement shown, plugging in a tape recorder level signal defeats the mic, input. The 
important thing to note about this circuit is the use of capacitors to return the AC Signal 
to ground from the inverting input. This is a useful trick where high gain is used, as the 
DC gain is unity (a follower) and DC offsets for the most part can be ignored. The gain 
values are only suggested starting values. A synthesizer level signal may be plugged into 
the tape recorder input if the pot is used in its lower range. The circuit is a useful 
input amplifier for devices such as frequency shifters or pitch extractors where live 
signals must be input, but where it is also useful to be able to input test signals from 

a synthesizer or other higher level source. 


INTEGRATORS AND DIFFERENTIATORS 


The main use of integrators in electronic music is for low-pass filter structures. 
The integrator is the basis of the popular state-variable filter. Differentiators 
find applications for detecting changes, as in sharp control voltage changes which 
occur when a note on a keyboard changes. 


The basic integrator is an inverting amplifier with a capacitor in the feedback 
loop instead of a resistor. The basic differentiator is an inverting amplifier with 
a capacitor in the input to the summing node rather than a resistor. Often for 
practical circuits it is desirable to add a couple of resistors to limit the action 
of the circuits outside their intended regions of operation. The integrator for 
example would integrate its own offset voltage, and even if this were very small, the 
output would eventually ramp up. To prevent this, a resistor R* is added to bleed 
off excess charge on the capacitor. For practical purposes, this resistor can be 
much larger than the input resistor (several megohms for example). Often however, it 
is desirable to make it a smaller value. This turns the device into a single pole 
low-pass filter, but the region of interest may still be subject to a nearly ideal 
integrator. In state variable filters, the integrator is within a closed loop and 
this bleed-off resistor is not needed. The loop makes the necessary corrections. 

In a similar manner, a resistor R' may be added to the differentiator to limit the 
maximum gain of the device. Circuits for integrators and differentiators are shown 
below: C 


OUT 





DIFFERENTIATOR 


INTEGRATOR 





SIMPLE SIGNAL GENERATORS 


Iwo circuits are popular for signal generators constructed from op-amps. 
The first is the multivibrator, and the second is the "Integrator - Schmitt-Trigger" 
type of triangle and square wave generator. The multivibrator uses a single 
op-amp as shown below. The output is a square wave that swings between the two 
supply volatges. The waveform at the - input is a triangle-like waveform but with 
curved slopes due to the exponential charging process. It is also possible by 
adding a single resistor to have a single supply generator working with an output 


between + supply and ground. 
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Square OUT 
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290 Hz R3=120k 


2750 Hz 


R3 = 5.6k | 
R2 120k as 
- R3 MULTIVIBRATOR MULTIVIBRATOR R3 
(Double Supply) | (Single Supply) 120k 


A triangle-square oscillator is formed with an integrator and a Schmitt trigger 
connected back-to-back. The frequency is adjusted by adjusting the integrating 
resistor Ry. The amplitude of the triangle can be adjusted by adjusting the 
resistor Ryj¢ in the Schmitt trigger. In order to operate however, the value 

of Rpf must always be greater than R'. Frequency can alse be adjusted by changing 
the capacitor, but the resistor is usually more convenient. If extended for 
very low frequencies (less than 1 Hz), it may be necessary to use op-amps with 

low bias current requirements. If this is a problem, it will show up as a loss of 
waveform symmetry at the lower frequencies. 


INTEGRATOR - 
SCHMITT TRIGGER 
OSCILLATOR 


Square OUT 
15 volt amplitude 


HHO Hz for Ri =l20K 






Triangle OUT 
Approx. 5 volts 






FULL-WAVE RECTIFIERS 


A popular circuit for a full wave rectifier is shown below. When the input is 
positive, a current Vin/ RL flows to the - input node (summing node) of Al. This current 
then flows out through R2, setting Vy at -Vin, and through diode D2, setting Vx at 
where Vg is the diode forward voltage drop (about 0.6 volts for a silicon diode). A2 
is then seen to be summing -(4+Vj,) -2(-Vin) = Vin through its inverting inputs R3 and 
R4- When the input is negative, a current V;,/R, flows from the summing node of Al to 


FULL WAVE RECTIFIER 






R%™ 10k 
Al,A2: 741, 307, Or 556 


V 
out 


Vin- This current must be supplied to the summing node through Dl. The only alternative 
paths for this current are through D2 and R2 (for which the diode blocks the current), or 
from the summing node of A2 through Ry and R2 (but the summing node of A2 is a virtual 
ground just like the summing node of Al, so no current flows). By the same line of 
reasoning, no current flows through R4, since Vy must be +Vg, and D2 blocks this voltage. 
No current flows between the virtual grounds through R2 and Ry. Thus, all that is left 
is the inverter formed from A2, R3 and R5. Thus, the output is -(-Vin) = Ving- 


A second full-wave rectifier circuit that uses equal valued resistors (except for the 
47k resistor which is not critical), was suggested by D. Rossum (EN#26, pg. 5). The 
circuit is shown below. The analysis is too much fun to give out (try it). Hints: 
The 100k resistor marked with a * is not essential to the analysis; assume the op-amps 
have zero differential input voltage, assume the right answer and work backward. 





IN OUT FULL-WAVE RECTIFIER 


D. Rossum (EN#26) 


PEAK DETECTORS 


The most basic peak detector circuit is just a diode and 


a capacitor connected as shown at the right. The capacitor - IN OUT 
charges to the input voltage (minus a diode voltage drop) and 

remains at that voltage when the input drops back. If a higher | 
input voltage appears, the diode again conducts and charges the = 


capacitor to the higher voltage. Thus the circuit output voltage is the highest 
(peak) voltage that the input has seen. 


For a more Practical circuit, it is desirable to use an op-amp to compensate 
for the diode voltage drop, and buffer the capacitor voltage. A practical circuit 
has been described by W. Jung in his Op-Amp Cookbook. A typical circuit is shown 
below: 


DETECTOR D1 


10k , 
IN 8 10k Ry 307 or lower 
a C bias current 
op-amp 
R —_ 
c 27p = C = 1000 pf to 1 mfd 
The resistor is a protection resistor for A2. It prevents dangerously high 


current levels that could flow during power shutdown. Resistor R¢ balances the 
offset current of the + input of Al. Diode D2 speeds recovery. The actual 

peak detector is composed of Dl and C, and is placed inside the feedback loop 

of Al and A2, thus correcting for the voltage drop across diode Dl. Op-amp Al 

is custom compensated to adjust for the extra pole in the response that results from 
the capacitor C and the output impedance of the op-amp. The resistor Rc is matched 
to the storage capacitor C as: R, = 2.7 x 10!4-c. 


ha (4) 


CHAPTER 4B 


ANALYSIS AND DESIGN OF ACTIVE FILTERS 


CONTENTS: 
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Terminology of Active Filtering 
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Low-Pass Butterworth 
State Variable 
Chebyshev 


Other Configurations 


INTRODUCTION 


The subject of active filters could fill several books this size and still 
just get started. Thus we are left here to consider the mast useful approach 
to what has to be a brief discussion. The approach we are using here is to 
start with specific filter structures which you have probably seen, and to ¢ 
attempt to analyze them and examine the theories and procedures that lead to 
their design. This should enable the reader to attack other designs, or at 
least enable him to attack the relevant literature. 


TERMINOLOGY OF ACTIVE FILTERING 


There are many terms that are used to describe active filters and this 
may be confusing to the beginner and even to the professional engineer who 
has never had a complete course on active filters. We list below some of the 
terms and attempt to describe the most important aspects of the terms: 


BASIC TYPE: Selection of basic type is dictated by the application. 
Basic types are: Low-Pass, High-Pass, Band-Pass, Band-Stop, All-Pass, 
and Notch. A rough sketch of the amplitude characteristics of each 
of these basic types is shown below. Note that the all-pass has a 
flat amplitude characteristic and is used for its phase properties: 
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Low—Pass High-Pass Band-Pass 
; Y 
AMV = ht, 11. 
Band-Stop ~ All-Pass Notch 


CHARACTERISTIC: These are all the names of mathematicians: The 

most common are: Butterworth, Bessel, Chebyshev, Gaussian, and 
Butterworth-Thompson. Basically, this relates to a mathematical 
function that appears as the denominator of the "transfer function." 
This function in turn determines the finer features of the basic 
type. 


FREQUENCY RESPONSE: The frequency response of the filter is the amplitude 
of the output as a function of frequency when the input is a sine wave of 

a constant amplitude. In the filter analysis, a complex frequency "s" 

is used for mathematical reasons. When it comes down to evaluating the 
actual frequency response, s is replaced by jw where j is the square root 
of minus one. The transfer function _T(s) thus has a new variable jw 

and the frequency response is |T (jw) |*= T(jw) °T(-jw). w is the so called 
angular frequency and is related to the ordinary frequency by w = 2m7f. 


PHASE RESPONSE: All active filters shift phase as well as alter 
amplitude characteristics. The phase shift curve is a property 
of the filter. The total phase shift possible is 90° per pole. 
Some (all-pass) filters are used only for their phase properties 
(see chapter on frequency shifter design). 


ORDER: The order of the filter relates to the number of RC sections 

in it, the number of poles, and the final rolloff of amplitude 

response. The order of the filter is the highest power of "s" that 
appears in the denominator (if the highest term is s", then the order 

of the filter is n). A "pole" of the filter occurs when the denominator 
takes on the value zero. Generally the denominator is a polynomial of 
order n, and it has n roots, hence n poles. The order of the filter 
usually indicates the final rolloff of high-pass and low-pass filters, 
and this is 6n db/octave. Generally, filters are built with second 

order sections. Each second order section has one op-amp, two capacitors, 
and two or more resistors. 


NUMBER OF POLES: See order above. 


CONFIGURATION: This relates to the way op-amps, resistors and capacitors 
are connected so as to realize a transfer function. In practice, there 
are relatively few useful configurations that can be used. Once a 
configuration is selected, and determined to be low-pass, high-pass, 

or whatever, the values of the R and C elements are chosen to realize 

the desired characteristic and frequency range. 
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TRANSFER FUNCTION: This is denoted by T(s) or H(s) (usually) and is 
the general output/input relationship for a configuration. It is 
determined by the simple application of circuit laws by representing 
all capacitors "C" by 1/sC, and doing calculations as though the 1/sC 
elements were resistors. The useful circuit laws are the usual: 


1. The sum of the voltages around any closed loop = 0. 


2. The sum of the currents into any node = 0. 


The function E out’ Hain is determined as T(s). In the more useful 


configurations, T(s) will have a polynomial for the denominator. The 

basic type of filter is determined by the numerator. If it is s° = 1, 

the filter is LP; if it is s!, it is BP, and if it is s?, it is HP. 
All-Pass filters have a denominator of the form s* + bs + c, or whatever 
form is necessary so that zeros appear in the mmerator in the same way 

they do in the denominator. 


It is now possible to see how the transfer function relates to the 
filter's frequency response. For example, consider the second order 
transfer function: 

: " 
T(s) = asi: ae for n= 0, 1, 2 
Ss + bs + ¢ 


When n=0, the filter's response for small s (corresponding to low frequency) 
is just l/c. For high frequencies, the response goes as l/s“. This 
corresponds to a fall off of 12 db/octave. The response is thus low-pass, 
a constant at low frequencies, and falling off at high frequencies. When 
n=2, the low frequency response rises as the s2 in the numerator. When the 
frequency is very high, the s¢ terms dominate the response which is then 
s2/s52 = 1, a constant. Thus, for n=2, the response is high-pass, rising 

at 12 db/octave to a constant value. For n=l, at low frequencies, the st 
term dominates the low frequency response, rising at 6 db/octave. For high 
frequencies, the response falls of as sl/gs2 = 1/s, a 6 db/octave fall off. 
This rise and fall results in a bandpass curve. 


FREQUENCY SCALING: Once the characteristic has been set, the 
actual frequency of the filter characteristic can be raised 
(or lowered) by decreasing (increasing) the values of either 
all resistors or capacitors by an amount proportional to the 
frequency change desired. 


IMPEDANCE SCALING: The frequency characteristic of the filter can 
be held in place while all resistors are increased by one factor 
as long as all capacitors are decreased by the same factor. This 
is commonly used to (1) adjust to a capacitor that is available. 
(2) change the input impedance level of the filter. 


NORMALIZATION: This is a filter description where the characteristic 
frequency has been set to 1 radian. This usually sets some RC value to 
one. This often results in filters with 1 ohm resistors and 1 farad 

(!) capacitors. To obtain a practical design, the resistors are scaled 
up by some factor, and the capacitors are scaled down by the same factor. 
Normalization is used to simplify the mathematics. 
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The selection of a filter characteristic is determined by some requirement of 
the system to which it is being applied. No filter characteristic is ideal, and 
thus certain trade offs have to be made. The table below is perhaps oversimplified, 
but it does illustrate the types of trade offs that have to be made: 


Characteristic Major Advantage Major Disadvantage 
Gaussian (a) Critical Damping (b) Very Slow Rolloff 
Butterworth ' Maximally Flat Passband Overshoots Step Response 
Bessel Constant delay (c) Butterworth rolloff > 

(linear phase) Bessel rolloff 
> Gaussian Rolloff 
Chebyshev Very Sharp Rolloff (d) Passband Amplitude Ripples 
Butterworth-Thompson Operates between the 
Butterworth and Bessel 
characteristics 


Notes: (a)/—The Gaussian filter is actually one or more cascaded simple RC 
(b)} filters with T(s) = 1/(1 + sCR). Critical damping is observed 
in that these "filters" form simple AR envelope generators. 


(c)—Since phase is linear with frequency, the time delay is constant. 
If the delay is not constant, a complex waveform will be distorted 
due to phase distortion. Bessel filters preserve waveform best. 


(d)—The very sharp rolloff occurs because the pass band ripples 
extend the corner of the response and it falls artificially 
fast. The corner rolloff may be much sharper than the final 
rolloff of 6n db/octave. 


EXAMPLE FILTER ANALYSIS 


As an example, consider the 2nd-order low-pass 
filter section shown at the right. First of all note 
that it looks like a low-pass filter. The R72C2 section 
is clearly a low-pass RC section, and C, is clearly in 
a position to reduce gain at high frequency. Later, Ve 
we will want to show that it is a low-pass section by —‘” 
deriving the transfer function. Thus far, selection 
of the circuit at the right has determined the basic 
filter type, the order (2), and the configuration. We 
have still to determine the transfer function and from 
that select the characteristic. 





The basic procedure in determining a transfer function is to first treat all the 
capacitors as though they were resistors of value 1/sC, where s is what is called the 


complex frequency. Then use some network analysis. The first thing to note is that the 
amplifier marked "K'' is just the ordinary type of noninverting Q' Rik 
amplifier as shown at the right. Thus the first step in the 

analysis is to realize that the input to the amplifier is 

simply V../K. We then set the unknown node voltage to V', = 


and we can write equations for currents as follows: 
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ri 
It 


= : = oe 
Vi V )/R, I, (V ae )sC 


IL 


3 oS Vout’ K)/Ro . Vour/Wsc, 


The I3 equation can be solved for V': 


v' = Vor) + sCR,) 





The node V' has only three connections, thus I, = I, “F I,. Plugging in I,; I,, and I, 
and solving for V /V,: gives the transfer function: 
out in 
iad RECO) 
T(s) = 7 (s) = : 
in 52 a ie (1-K) iz 1 - 1 1 
C,R, CLR, CR, RRC, C, 


We have been careful here to indicate that when we write a transfer function to indicate 
that it refers to voltages at the inputs and outputs that are functions of S, not of t. ; 
The expression T(s) = V _(t)/V, (t) makes no sense since the two quantities being equate 
are functions of different variables. What this means is that the voltages at the output 
and inputs are really the Fourier (or Laplace) transforms of the time domain voltages. 
The reason we so often think of the transfer function as a ratio of time varying functions 
is that it is always assumed that what we really mean is the steady state amplitudes of 


sine waves. 


A transfer function with only the zero power of s in the numerator, and a function 
of the from s* + as + b in the denominator is a low-pass filter function. So far, 
nothing prevents us from selecting as many elements as we can to have whatever value 
is convenient. We can make a particular selection with R, = Ry = R and C, = C, = C. 


k T : 
Thus makes T(s) K/R2C2 


ie) = Z Ss Ip2ce2 
S + Se [3 - KJ + T/R’c 

Now we have to make a choice of characteristic. If we choose a Butterworth, we can 
consult design tables and find that the denomonator should be gs? + V2wW5s + ae From 
this we can see that W, must be identified with 1/R C which in turn means that 
[3 - K] must be set to 1.414, or K = 1.586. The meaning of K = 1.586 means that we 
just form the non-inverting amplifier with R’ = 10k and R,¢ = 5.86k (or probably the 
standard value 5.6k will be close enough in many applications). In the case of the 
Butterworth filter, wo) is the frequency at which the amplitude falls to 0.707 (down 
3 db) of its pass band value. This means that to set any frequency, we can start 
with a convenient value of R or C (and usually we choose C since it is easier to get 
a wider variety of values for R). For a cutoff frequency (3 db freq.) of 1000 Hz, 
Wo = 21f, = 6283. If we choose C = 0.1 mfd, then R= 1.6k. The final circuit for 
the 2 pole Butterworth is shown at the right. 0.) 
Note that the low frequency gain of the 
circuit is K, and not unity. The circuit 1000 Hz 
does provide some gain in the pass band. 
In many cases, this is fine, but at times 
we can not allow this because if we have 
many such stages cascaded for higher order 
filters, the signal may clip against the 
supply levels. It is a simple matter to 
set K = 1 by just using a follower. With 0.1 
this new restriction, we will not be able & 









Butterworth 
Low-Pass 


to set the R and C values arbitrarily equal. 


The transfer function for K=]l1 becomes: 
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1/R,R,C,C, 
T(s) = 2 S 
Ss ee + 1/R,] + 1/R,R,C,C, 
To make this take on the Butterworth characteristic, we can set Ry = R, = R and C, = 
2C, = 2C. The transfer function then becomes: 
2-2 
T(s) = 1/2R°C 


5s? + (1/RC)s + 1/(2R2C2) 


Thus Wig? =1/2R-C7 OY Wo = Y2RC. The (1/RC) coefficient of s is thus V2W9s exactly the 
Butterworth case. It is indeed fortunate that the particular selection of Rj = R92 
and Cy = 2Cj gives the right result. At worst, it is necessary to select three 
capacitors of the same value, use one of them for Cj, and the other two in parallel 
to give Co. For example, select a cutoff of 2000 Hz. wy, = 12566. Select Cj =0.01 
mfd and C2= 0.02 mfd for convenient values. This gives R = 5.6k. The circuit is 
shown below: 


O24 





2000 Hz Butterworth 
Low-Pass 
Unity Pass-Band Gain 


Ll” 


To form a higher order filter, it is necessary to obtain a transfer function 
with a higher order denominator. For example, a fourth order transfer function 
would have a form like the following for a low pass filter: 


iO ee See Sener 

s + bs + cs + ds + e 

This is difficult to do directly. What is usually done is to first factor the 
denominator into two second order polynomials. 


1 


T(s) = 5 5 
(s+ fs + g)-(s + hs + i) 

Then, it is possible to realize two second order filter sections and cascade them. 
It is not true however that two cascaded second order Butterworth filters will give 
a fourth order - they will not. To obtain the fourth order Butterworth, it is 
necessary to work with two different second order filters, neither of which is a 
Butterworth, but which work together to give the higher order. Recall that the 
second order Butterworth polynomial (normalized to RC=1) is: 


a + 1.414 s + 1 





The factored fourth order Butterworth polynomial is: 


(s> & O2765-e & Des eRe SD 
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These denominators can be realized exactly as the second order polynomial was. We 
can choose the method using equal valued resistors and capacitors. With this, we 
can select the R and C values to suit the frequency we need, and select the gains 
K according to: 


3 - Ky = 0.765 K, = 2.235 


1.848 Ko = 1.152 


3 = Ky 


As an example of frequency scaling, suppose we want the filter's 3 db frequency to 
fall at 2580 Hz. We saw in the case of the 2nd order filter that the R and C values 
were 0.1 mfd and 1.6k for 1000 Hz. We can increase the frequency by decreasing the 
resistance. Since the frequency is to go up by a factor of 2.58, the resistance 

would divide by the same factor. This gives 1.6k/2.58 = 620 ohms. However, we might 
decide that the input impedance is too low with resistors this small. We can then 

do an impedance scaling. Here we change the resistors up by the same factor we 

change the capacitor values down (maintaining the RC product). Thus, we can select 


a capacitor of 0.01 mfd, and a resistor of 6.2k. The final circuit is shown below: 
o& \ PX @) \ 
FOURTH ORDER ole ik) (ok Sie 
BUTTERWORTH LOW-PASS IN 
: = 
6-2. @-2%e 6.2K 6.2le 
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An extremely useful filter for electronic music is the "state variable" type. 
This filter is simple, reliable, and provides high-pass, low-pass, band-pass, and 
a notch output. A basic state variable filter is shown below. 







STATE VARIABLE 
FILTER 


Note that the filter is just two integrators in a loop with a summing input network. 
We can simplify analysis greatly by first deriving the transfer function of the 


integrator as shown at the right. With an Ve ——— > Tine 
applied voltage Vin, a current I;,; flows Vouk 
into the op-amp summing node through R. Thus aR Cc : 
I, = V, /R 
int in 


The same current must flow into the capacitor. 
Thus the output voltage must be: 
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be 
i 


Vout’ (l/s) 
or: V/V, = -1/sCR 
in 
This done, we can get rid of the node voltages Ep and E;, by relating them back 
to Ey as: 
Ep = -Ey/sCR and: Er, = Ey/s“C-R” 


Next, we determine the Is, = = 

current Ii, (E, Ep) /(100k + Rg) 
We then realize that the differential input voltage is zero for Al due to negative 
feedback. Furthermore, the voltage V_ is the average of E,; and Ey. Finally, we can 
write Vy from E;, and Ij,- The preceding three sentences can be summarized as: 


E. +E 
L H 100k 
— = V = = - ——— _ 
2 -_ Vi En Ry + 100k Fin Ep) 


Next substitute for Ey and Ep the expressions derived from the integrator equation. 
Represent 100k/ (Rg+100k) as K, and solve for Ey/E;,.- The result is: 
25 


Z 2K 1 
Ss tac § + Rzez— 


E,/E, = (1-K) 


This is clearly a-high-pass transfer function. The Ey output is the high-pass 
output of the filter. 


It is then possible to see that the first integrator produces the output Ep, 
which is a bandpass since multiplication by -1/sCR removes a power of s from the 
numerator. Likewise, the second integrator removes another power of s from the 
numerator to give E,; as a low-pass output. Deriving the notch output is a matter 
of summing the low-pass and high-pass outputs. A careful study of the phase 
relationship shows that at the cutoff frequency, the two are 180° out of phase and 
when added, they cancel. The state variable filter can be set to give a Butter- 
worth response by setting 2K = V2. The control Rg sets the Q of the filter by 
shaping the characteristic. 


We should give one example of a filter having a different type of characteristic. 
For example, a 3db ripple 2nd order Chebyshev. Consulting filter tables we find that 
the appropriate denominator is: s* + 0.767 s + 0.841. Thus if we want a 3db roll off 
point at 42 Hz, we design for a frequency of 0.841-42 Hz or approximately 35 Hz. Thus 
1/RC =“, = 235 Hz. Setting C = 0.22 mfd for example, we get R at 22k. We can then 
use the variable K low-pass configuration and set 3-K = 0.767 giving K = 2.233. The 
filter circuit and its frequency characteristic are shown below: 







3db Ripple 
Chebyshev 
Frequency Response 






0.22 mfd | 





Second-order 3 db ripple Chebyshev irs 
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For the formation of high-pass filters, it is often possible to just change the 
positions of resistors and capacitors in the configuration. Very often. other basic 
types of filters are formed from a low-pass prototype. Below we have converted the 
second order Butterworth low-pass to a second order high-pass Butterworth. 


1.6k 


1000 Hz High-Pass 
Butterworth 


In | Out 


0.1 O.1 1.6k 





The formation of band-pass filters that are of practical use can be more 
difficult. We have already discussed the use of the state variable filter as a 
band pass filter, and this is often a good choice, particularly where a fairly 
high Q is required. We shall define Q to be the —>, le—_—- 3h 
center frequency (F,.) divided by the 3db bandwidth. Bandwidth 
This is illustrated by the diagram at the right. 
Note that this can be easily measured and provides 
a measure of the sharpness of the filter peak. A 
second type of multiple amplifier band-pass is the 
"Biquad" which is closely related to the state 
variable. Note that the Biquad does not have the 
regular state variable Q control but instead achieves 
damping by means of a resistor connected across the capacitor of one of the 
integrators. The Biquad is also capable of high Q (above 10 for example). 





5 
I 
’ 
' 





Biquad as 
BANDPASS 


F. = 1/(27RC) 


R,. ranges 


Bandpass Out from R to 1OOR 
: . R' wR 





When it comes to single amplifier bandpass filters, it is most useful to go from 
the controlled gain type of configuration (amplifiers set for gain of K) and instead 
use the infinite gain ideal properties of op-amps. This configuration is known as 
the multiple feedback bandpass configuration. The circuit and its transfer function 


are given below: 
T(s) = _ -s/CRy ——=s/eRy _ 
gt+ 2s/CRz + ‘a 
‘2 


The constant term in the denominator is just w, and the coefficient of s in the 
denominator is aw, where o= 1/Q. The circuit is suitable for low Q (less than 
10). 
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When it is necessary to use higher values of Q, the state variable of biquad can be 
used. Another circuit that has been popular as a variation on the multiple feedback 
infinite gain which uses positive feedback [M.V. Mathews & J. Kohut, "Electronic Simulation 
of Violin Resonances," JASA 53 #6, June 1973, pg. 1620]. The circuit uses a voltage 
divider on the output to feed back to the + input of the op-amp: 


1k 


IN OUT 


 R 


HIGH Q BANDPASS 





The center frequency is determined by the RC time constant. * An experimental formula for the 
the frequency is: 


f. = 1/(185-RC) 


The Q of the filter is determined by the feedback ratio 100k/R' with R' being in the range 
of a few hundred ohms. An experimental plot of Q as a function of R' is shown below: 


30 


BANDPASS Q 20 Experimental Plot of 


Qvs. R' 
for Above Bandpass Filter 


10 


100 200 300 

High Q bandpass filters are often employed as tone generators by exciting them with a 
sharp pulse and letting the inserted energy damp out. The output is an exponentially 
decaying sine wave. The phenomenon is known as 
ringing. Oscillation is at the filter's center 
frequency, and the sound is remindful of raindrops 
or certain percussion devices. It is also possible RINGING 
to add a clipping network to the output which will 
limit the amplitude out providing a change of 
harmonic content. The relationship between the 
Q and the ringing time is neatly summarized by RINGING WITH 
Ty = Q/1F, where T, is the 1/e time constant - CLIPPING 


the time for the amplitude to go from 1 to l/e®= 37%. 


4b (10) 


CHAPTER 4c 


CIRCUITS USING DISCRETE SEMICONDUCTORS 


CONTENTS: 
Introduction 
The Basic Bipolar Junction Transistor 
Electronic Music Applications for FET's 


Circuits Using Transistors for Their 
Logarithmic Properties 


Current Sources 
Schmitt Triggers with Transistors 


Op-Amp Power Output Stage 














INTRODUCTION 


In general the experimenter or individual builder of electronic music equipment 
need not resort to discrete components in their designs except in certain special cases 
such as those described below. At times, the commercial builder will be able to obtain 
a substantial saving by using less expensive discrete components in place of integrated 
circuits, sometimes with some sacrifice in performance. 


At times, the discrete transistors we will be discussing may be best obtained from 
transistor arrays. This is true of the exponential and log circuits where the arrays 
offer an advantage in temperature stability. On the other hand, in certain cases 
discrete components must be used to obtain the necessary speed. If a transistor array 
is used in such a case, the circuit may be slowed down by the capacitances of the close 
components, and the wider separation of the discretes was the main reason for expecting 
faster speed in the first place. 


THE BASIC BIPOLAR JUNCTION TRANSISTOR (BJT) 


The BJT is the "regular" type of transistor. It has three modes of operation that 
are of interest to us. These are: (1) As a current amplifier, (2) As an exponential 
(or log) current source, and (3) as a switch. The BJT is basically 


a current amplifier. The collector current is equal to the base BTp=te 
current times a factor 8 or hgg. For a good transistor, this 8 Lp 
should be from 50 to several hundred, and fairly constant as (+2) dp 
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the current levels change. In the high-8 approximation, I, * Ig and Ip, can be considered 
negligible as long as the biasing circuit for the base has no problem supplying the 
current. This means that the standing currents in the biasing circuit should be 
substantially larger than the required base current, 


The 8-relationship between the base current and the collector current applies as 
long as the transistor is in the active region (not cutoff, or in saturation). When we 
move on to exponential circuits, the importance of this relationship is that for high-8B 
transistors, we can ignore base currents. Then we can 
look at the relationship between the collector current 
and the base-to-emitter voltage (V},,.). We find that 
this is an exponential relationship. Note that the 
B-relationship and the exponential relationship apply 
simultaneously - there is no conflict between the two, 
and the behavior of the transistors is not "programmed" 
for one relationship or the other. In regard to 
exponential or log circuits, it may be best to consider the results of applying currents 
to the collectors of the transistors. When driving the transistors from a current 
source, as with any current souree, there has to be a voltage adjustment as the load 
changes (Ohm's law still works). This adjustment for the transistors is in terms of 
changing base-to-emitter voltage. Finally, we can consider that a small base current 
is actually flowing into the base to maintain the §-relationship. 











In the final mode of operation, the transistor acts 
as a switch. Typically, this is employed in logic circuits BUFFER 
where only on and off states are involved. In particular, Analog to TTL 
a single transistor and a few other components can be used 
to make a buffer between analog and digital circuits. In 
this case, enough base current is supplied to the base to IN 
put the transistor out of the active region, and close to 
or into the saturation region. In this region, the transistor 
collector is only a fraction of a volt above ground and is 
thus useful for a logic zero or for discharging capacitors 
to ground. 


HTK 


OUT 
(Inverted) 







100K 
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ELECTRONIC MUSIC APPLICATIONS FOR FET’S 


There are three basic uses of FET's tn electronic music devices: (1) As source 
followers for buffers, (2) As voltage-controlled switches, and (3) as triangle-to-sine 
waveshapers. There may also be applications as voltage-controlled resistors over limited 
ranges (see chapter 5c). A source follower to buffer SOURCE FOLLOWER 
the voltage on a capacitor is shown at the right (useful 
in sample-and-hold circuits and integrators). The circuit D MPF1O2 
is shown with an N-FET but could equally well use a P-FET 2N4303 etc. 
if it were turned upside down. The source follower will C | S OUT 
have a DC offset amounting to a fraction of a volt. In 
many circuits however, this buffer is inside a feedback 
loop and the offset is compensated by the loop. The FET 
can also be used as a switch. For example, a negative voltage om the gate will hold an 
N-FET off. If the gate voltage is allowed to float up, a voltage will pass between the 
source and the drain. The use of a FET as a sine shaper is discussed in chapter 5b. 
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CIRCUITS EMPLOYING TRANSISTORS FOR THEIR LOGARITHMIC PROPERTIES 


The collector current of a transistor is an exponential function of the base- 


to-emitter voltage: 3 : ] 
I. = I, odbe kpT ' 
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This relationship will be used often in chapter 5b where such transistors will be used 
to generate the necessary exponential control relationships fer vcO's and VCF's. We 
also have need on occasion for circuits performing the inverse function (logarithmic) 
and it is usually the case that the circuit should take log to the base two to 
correspond to the standard 1 volt/octave exponential response. Such a log amplifier 
is shown in Fig. 15 of page 2C (18). 


Another advantage of logarithms is that they change multiplication and division 
to addition and subtraction. Thus, log circuits are useful when analog multiplication 
and division are necessary. [Note that analog multiplication is often performed with 
the four-quadrant transconductance multiplier. By putting the multiplier in the feed- 
back loop of an op-amp, it is possible to divide - see the application notes on the 
type 595 multipliers. However, the linearity of such a circuit is not particularly 
good, and they are difficult to adjust]. The circuit below has a wide range and 
good linearity due to the use of log circuits. It has been adapted from National 
Semiconductor application notes AN31-19. The circuit multiplies awl divides according 
to the inputs used. An attenuator consisting of R' and R" has been added to cause 
the circuit to operate on a log to the base two level. This output can be brought out 
and used to drive exponential VCO's and VCF's for example. If only the linear divider 
is needed, the attenuator can be removed and the output of Al can be fed directly to 
the bases of the transistors. 
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CURRENT SOURCES 


A popular current source is shown at the right: 
The voltage Vz = (15-R2)/(R1+R2) = V_. Thus Ig for 
the transistor is (15-V-)/R3. For high-§ transistors, 
Ic*=Ie. Thus, the current is regulated by the op-amp 
which adjusts the base voltage as is necessary. The 
current source will deliver the current (15-V_)/R3 
to any load that is at a potential from -15 up to 
within a volt or so of the voltage V4 = V_. Additional 
current sources and sinks can be found in National 
Semiconductor applications notes AN-20 and AN=31. 


4c (3) 





SCHMITT TRIGGERS WITH TRANSISTORS 


vcO's often require a fast switch, and in the case of the integrator - Schmitt 
trigger type of oscillator, the two transistor discrete Schmitt trigger is hard to 
beat. The basic Schmitt trigger formed from two 
transistors is shown at the right where it has been 
drawn to show that it is basically a differential 
amplifier structure with positive feedback. The 
importance of the feedback is that it adds hysteresis 
to the output with respect to changes of input voltage. 





A Schmitt trigger that can be used to feed back +5 volts from the tied emitters 
and which also has approximately the same +5 volt trip points is formed from two 


transistors connected across a bipolar supply and 
is shown at the right. With Tl off, the base 
of T2 is biased at about +6 volts by R2, R3, 
R4, and the base current of T2. T2 is on and 
divides the +15 supply across R6 and R5 so that 
the tied emitters are at about +5 volts. When 
the input voltage exceeds +5, Tl turns on and 
T2 is regeneratively shut off. This divides 
the +15 supply across R2 and R5, and the tied 
emitters are at approximately -5 volts. The 
design example in chapter 5b uses this circuit. 






IN 


The 40pf capacitor is a "speed up" capacitor that 
is used to remove stored base charge in the transistor, 
thus speeding the switching. The exact value depends 
on the transistors used. 


OP-AMP POWER OUTPUT STAGE 


At times, it is necessary for an op-amp output to drive 
a load that requires more current than can be easily supplied 
(say more than 10 ma). In such cases, an emitter follower 
may help in many cases. For best results however, a power 
drive stage consisting of "Back-to-back" emitter followers 
as shown at the right should give the best results. The 
transistors should be a complementary pair if possible. 
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CHAPTER DA 


MODULAR DESIGN - GENERAL CONSIDERATIONS 
INPUTS AND QUTPUTS 





CONTENTS: 
Introduction 
Voltage Input Suructures 
Timing Signal Input Structures 


Output Structures 


INTRODUCTION: 


An electronic music module is a self-contained (except for power supply) 
functional module for use in an electronic music synthesis scheme. Thus, a 
module is a part of a larger synthesis system. It can be modular in the sense 
that it can be pulled out of one physical position and plugged into another, 
or the modularity may be more conceptual in the "block diagram" sense. What we 
have in mind here is a unit which has a physical position (not necessarily 
movable) and which has accessable electrical terminals. These terminals 
are connected to the terminals of other modules through the process of 
"patching." By using a modular system as opposed to a "hard wired" system, 
the user is able to realize a wider variety of synthesis schemes. 


A module consists of two parts: the electrical functional block (the 
"guts'' of the module) and its interface with the rest of the world. Often 
this simply comes down to a circuit board on the one hand and the front panel 
fixtures on the other hand. This is the sort of picture we have in mind 
when we discuss a general module. 


The module's functional section ("'submodule" or circuit board) is the 
most difficult part of the design, and each different type requires a separate 
discussion. This is the purpose of the remaining chapters in Section 5 and 
Section 6. In this chapter, we want to discuss the interfacing procedures, 
as these are common to most types of modules. 
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The main interfacing mechanisms are: signal inputs, control inputs, 
timing inputs, panel controls, and outputs. These mechanisms in turn can 
be grouped according to the type of electrical structure and Signal routing 
that is used: 

1. Voltage Input Structures: These voltage inputs may be 
either control inputs or signal inputs; the only difference 
between signals and control is the use, not the input 
structure. Generally, an op-amp summing node is the voltage 
input structure, In addition, often times voltages from 
the panel controls enter the functional blocks through the 
voltage’ input structure. For example, the voltage input 
for the control voltage of a VCO often serves to handle 
externally applied voltages, and "Coarse" and "Fine" tuning 
voltages from panel pots. 


2 Timing Signal Inputs: For timing signals, often the voltage 
level is of no importance. The important thing is that the 
voltage meets certain conditions, and that the time at which 
it meets the conditions is well defined. For example, we 
might want a "Gate" to appear when the signal voltage crosses 
the 0.5 volt level. This input structure generally requires 
a comparator. 


or Outputs: Outputting a voltage is largly a matter of making 
some voltage in the module available to the outside without 
disturbing the inside. This is of course, a buffer. In 
addition, it is often useful to have an output with certain 
"standard" properties, e.g., a standard 1k output impedance. 


4. Individual Panel Controls: These are controls that are 
connected to the insides of the functional block directly, 


not through another input. An example might be a High/Low 
range switch. 


We are thus left to consider shortly the details of the input structures 
and output structures. We shall see that there are logical and standard ways 
of doing these, but the actual combination of structures required in a given 
module will require individual attention. This is no small point, because 
the interface between modules is also the interface between the electronics and 
the musician, at least as far as the general type of synthesis process is 


concerned. Setting up this interface properly is one of the two main ways 
(the other being the controller) by which a musician makes the electronics make 
music. It is thus the interface that "shows" and this must be carefully 


considered. The main considerations are: 


1. The exact combination of structures required: For example, 
a VCF needs a signal input, at least two control inputs, and 
one or more outputs as a minimum. A noise source on the other 
hand has no inputs at all (by its very nature) and the only 
interface structure other than an output or two would be some 
sort of control that controls the "character" of the noise. 
This requirement thus has a natural (what can be done), and a 
use (what does the specific user want to do in this specific 


case) aspect, 


2. The panel layout: This involves the questions: What is a 
logical panel layout from the designers point of view? What 
is a logical layout from the musicians point of view? When 
these two layouts differ, is the musician better served by 
being forced to use the designer's choice? 
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3. The Patching Method: Plugs and jacks? Matrix switch? What? 


These are all things that are important to musicians. Often the 
musician will not be in a position to appreciate the great difficulty you went 
to to develope a stable VCO. He will of course "appreciate" the "value" of a 
vco that drifts badly. Suppose however that you do give him a good one; how 
is he to know that it is even possible to make a VCO that does drift? With 
the interface however, the musician will appreciate a set of controls and 
jacks that are conveniently organized, and which allow him to set up a desired 
patch without elaborate contrivances. 


For the exact combination of interface structures required, it is suggested 
that the individual unit be considered carefully to see if all useful manipulations 
have been implemented. Secondly, all standard or expected patching systems should 

be considered. Thirdly, more structures than this minimum can be added as cost 
and panel space will allow. 


The question of panel layout is one of utmost importance. There are seldom 
any critical circuit layouts that dictate a certain panel layout, so the designer 
is in general free to choose the most logical setup. It is suggested that the 
designer choose a panel layout according to what he knows about the logical 
organization of the functional block. If properly done, this layout should be 
so logical that it would not be necessary for the designer to even label the 
jacks and knobs [of course he will do so for others! ]. Using what seems like 
a logical layout to the designer who designed the actual "suts' of the thing has 
the advantage that the actual device and its capabilities will be more naturally 
represented, and this will be passed on to the user. Nonetheless, panel layouts 
from other synthesizer modules should be studied, as there may be some sort of 
standard that should be used, or the designer may find that someone'else's conception 
of the logic is better. 


The actual patching system will depend a lot on the eventual use. For most 
purposes, standard 1/4" phone plugs and jacks are recommended. Many users of this 
book will be working on the expansion of existing systems, and these plugs and 
jacks are the most common for interconnections. Aside from that, plugs and jacks 
are the most conceptually simple patching system, and the most reliable system. 
Where panel space must be held to a minimum, smaller jacks or matrix switches can 
be used. 


VOLTAGE INPUT STRUCTURES 


The voltage inputting structure that we want to employ is the op-amp 
summing node. This structure is useful for both control inputs and signal 
inputs. The standard inputting resistor is 100k ohms. 


What we are actually considering is the transfer of one voltage to the 
input of a module. In many cases, we want this transfer to be incomplete - 
that is, we want to attenuate the voltage, and use only part of the available 
input. Thus, we must make some provision for attenuating the signal somewhere 
in the path. First of all, we want to make the case for the use of input 
attenuation. The device we will use to attenuate a voltage is almost always 
a variable resistor (a potentiometer), In the system 
shown at the right, assume that the output of VCO-1 Voo 
is a +5 volt sine wave (a peak-to-peak voltage of 2. 

10 volts). If we connect this to a standard VCO VCO 
control input (to VCO-2), this would produce a swing i 
of 10 octaves. Suppose we want only a small degree 

of frequency modulation. We need to reduce the signal 
from a 5 volt amplitude to a smaller value (e.-g., t/t2 
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of a volt for a swing of 1 semitone). We can simply insert a pot in the 
transfer line to form an adjustable voltage divider. 


It is clear that this pot is a useful control, and we want to make it a 
permanent part of the system, The question then comes up as to where the pot 
should go. Should it be a part of the output of VCO-l, or part of the input 
of VCO-2., Well, we shall see that it should be part of the input structure 
of the driven module, not part of the output of the driving module. The basic 
reason for this is that the voltage level should be adjusted at the point of use. 
Suppose you want to use the output of VCO-1 to control two different VCO's. 

You want one to have a semitone swing of FM, and the second to have 3 semitones 

of swing, Once you have cut the voltage to 1/12 volt for the first, there is no 

way you are going to get the 3/12 volt for the second. Thus, the input attenuator 
allows each use to select whatever part of the maximum signal is required for the 

individual application, and still allows the voltage to be available at full 

value for other applications. 


The summing node input structure has been studied in the chapter on the use 
of op-amps. The important consideration here is that the summing node is the 
- input of an op-amp that has negative feedback. The summing node remains at 
ground potential as long as the + input is grounded. Any excess current or current 
deficit into or out of the summing node is made up be the current through the 
feedback resistor. The overall device is an inverting, weighted summer. 


We can now consider a typical input 
circuit as shown at the right. The input 
connected to R, is a standard 1 volt/octave R\ 
control input. Generally, R, is 100k. 
This input would handle the main control 
voltage from the main controller of the 
system. For proper matching of such R2 
inputs as used on VCO's and VCF's, this Pa 
type of resistor should be a 0.1% tolerance 
type - if there is more than one of this 
type on the module. Note that this input is 
used without attenuation, The input supplied 
through R, does have an attenuator on it. R3 
If the resistor R, is 100k, then the P3 
attenuator adjusts the response from 1 volt/ 
octave down to zero. This is how microtonal 
scales could be generated. This type of input 
is also useful for inputting envelopes or any general control signal. This is 
the type we had in mind for input attenuation. Note that while R, could be 100k, 
it can be any value in a much wider range. For example, if it were 33k, the 
response would range from 3 volts/octave down. There would be less resolution, 
but a greater range. It should be realized however that these inputs have noth- 
ing to do with the overall range of the actual functional block, except for the 
fact that they may reduce it. The important thing as far as the functional 
block is the sum of the control voltages at the output of the op-amp. The 
functional block inside responds to this voltage. If the functional block only 
responds to a control sum from say -3 volts to +5 volts, then the range is limited 
to 8 octaves, If the control sum can only swing from -1 volts to +10 for example, 
then the range is cut to 6 octaves, and the control sum above +5 is wasted. The 
best way to determine the full value of the control sum is to connect up only one 
input to the module through a 100k resistor, and vary the input voltage from +15 
to -15 and find out what the useful range is, The designer can then use the op- 
amp summation techniques to determine how to set the input resistors so as to 


keep the control sum in a useful range. 
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This leads to consideration of the third type of input resistor (R,) which 


is a range control. For a coarse control, the value of R. should be selected 
so that it sweeps the full range of the control sum. It may be necessary to 
select a fixed resistor and connect it to either +15 or -15 to "center" this 
control. For a fine control, a value of R, much greater than 100k should be 
used. To sum this up, the following values are suggested: 
Type of Input Type of Control Suggested Value 

Ry 1 volt/octave standard 100k 

Ry Auxiliary input (e.g. envelopes) 33k to 100k 

R, Coares 100k or lower 

R, Fine 1.5 meg to 4.7 meg 

R, Ultra Fine 15 meg to 22 meg 


What we have said above was mainly directed at control inputs, but the 
summing node is also useful for signal inputs. Here, the R, type of input is 
generally used with R, = 100k, and set so that with the pot set to the top, the 
standard signal level enters the circuit with unity gain. The pot is thus 
strictly an attenuator. For the control inputs, for values of R, less than 
100k, the summing node amplifier actually provides some gain (up £0 a gain of 3 
for R,=33k). This is useful for many control signals where the envelopes may 
be at a maximum level of 5 volts, and you may want more than 5 octaves of swing 
for a VCF for example. 


It is now time to consider the pots. What should the value of the pots 
be? Should they be log or linear pots? First of all, consider that the pots 
are acting as voltage dividers in the type R, and R, input structures. Thus, 
it is natural to suppose that the pots should have a value much less than the 
attached R, or R, resistor. This is the standard consideration for a voltage 
divider. On the other hand, the voltage on the pot wiper has to go through 
the full range from one extreme to the other, so it is not necessarily required 
that the pots have low values, A log pot is one which has two linear sections. 
The sections are connected in the middle of the rotation. The log pot provides 
about 15% of its total resistance over the first half of the full rotation, and 
the remaining 85% on the second half. This type of pot is also called an 
audio pot. The reason for this latter name is that these are the types of 
controls that are used as "volume controls" and they are made that way since the 
amplitude response of the ear is logarithmic. |. Thus, there are certain 
applications where more resolution is required for small signals, and these 
are applications for log pots. None the less, the log pot still makes available 
all voltages throughout its range. Thus to a certain extent it can be said 
that the choice of pot is arbitrary. The considerations are the trade offs 
between input loading (for an R, type) and current consumed (for an R, type) 
on the one hand, and the degree of resolution and accuracy on the othér hand. 


We mentioned above that a pot is accurate as a voltage divider only when 
its value is much less than the resistor loading the wiper. The situation 
is illustrated at the right, where it is | 
assumed that a 100k input resistance is attached 
to the wiper, and that the other side goes to 
a summing node (ground). The input structure 
is such that the voltage summed is always the 
wiper voltage, but in order to report the wiper 
voltage, some current must flow, and this steals 
some current from the voltage divider, and the 
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voltage on the wiper is different from what you would expect from the rotation 
of the pot shaft. A linear pot will not have a linear response. We show 
below calculated curves for five different cases. Curve A is the linear case, 
and would occur only where the wiper voltage is buffered, or where the pot is 
very small (10k or less). Curve B shows how the response changes when the pot 
is made 100k. Curve D shows the case for a 500k pot, and curve E shows a 1 meg 
pot. This warping of response is not as serious as one might expect - at least 
for the 100k case. Most all controls are set by ear, not by rotation position. 
The question is not one of accuracy, but of resolution. Note for example that 


a linear 500k pot has a curve that is more like a log pot (curve C). Curve 
C is the ideal log pot case. Higher resistance log pots would of coures show 
warping from curve C just as linear pots warp away from curve A. Note that 


curve E might be awkward in that it has a near linear region for very small 
rotation, a fairly flat region (10% to 50%), and then a very steep rise, 


100 
a 
7 
RESPONSE CURVES OF VARIOUS POTS Pa 
Percent of Fan Seg eee ee eee pee I ei eg eo eae, , 
. USED AS INPUT ATTENUATORS F 
Input Volt- —__ aoe aerA[>PmmE 


age on the 


Wiper 


50 





50 100 
Rotation (% of full ratation) 


A.- Linear Curve: Applies to tr. >> 8 or for the case where the wiper 
voltage is buffered. 

.- Linear 100k pot [r ,=100k, ag 100k] 

-- Log Pot for rs >> Xr 


Linear 500k pot [r ,=100k, Eel) 


"Hof Ow 
| 


.- Linear 1 Meg pot [r,=100k, or Meg | 





5a (6) 


The following values and types of pots are suggested: 


Type of Input Type of Pot Suggested vate’ 
Auxiliary Input (P.,) Log* 100k 

Coarse Control (P23) Linear 100k or 50k 
Fine Control CP 3) Linear of Log** 100k 

Ultra Fine (P32) Linear 1 Meg or 100k 
Audio (P2) Log 100k 


* A log pot is selected for auxiliary control since resolution of 
small control voltages is often necessary, and many of the 
parameters that are controlled (amplitude and frequency) are 
subjectively logarithmic. 

** A log pot is often a good choice for a fine control. The reason for 
this comes when you consider that before you adjust the coarse control, 
you usually center the fine control, or else you won't have range on 
either side to fine tune, With a log pot, you can set this initial 
position in the center of either of the two 
linear regions as shown at the right. In 
this way, you can have two different degrees 
of fine tuning that differ by about 10:1 in 
response. With careful selection of the R 
type resistor to go with this, a very useful 
control is obtained. 

+t Mostly 100k values are selected. Anything from 50k to 100k should 
be fine, While there is some warping of the rotation/wiper voltage 
curve with 100k, the main reason for prefering this value is that 
it causes only a 1% load on the standard output structures we will 
be using. 





TIMING SIGNAL INPUT STRUCTURES 


Timing signals are such voltages as gates and triggers which tell modules 
when to start and stop their functions. The most common of these signals are 
the gate and trigger signals from a keyboard that normally control one or more 
envelope generators. It often seems like these could be just permanent behind - 
the-panel connections, but there are cases where it is very useful to break into 
these lines. For example, the keyboard trigger can be brought out, fed to the 
input of a sharply tuned filter and made to "ring" the filter. On the other 
end of the line, we often want to trigger an envelope generator from some source 
other than the keyboard. Thus, we consider the inputting and outputting of 
timing signals, The outputting of a timing signal is the same as any other 
voltage output and will be considered with the other outputs. 


Inputting an "ordinary" voltage for use as a timing signal is a little 
trickier. The essential thing about a timing voltage is that it represents 
some event that is defined in time. We are thus left with the problem of 
representing a time point by a certain point on a waveform that may be quite 
different from the standard timing signals (sharp pulses and rectangular wave- 
forms) . The obvious device for translating a small transition into a sharply 
defined one is the comparator. For example, we can define a gate as occuring 
whenever the input voltage exceeds 0.5 volts. A trigger might be defined 
whenever a waveform crosses the 0.5 volt level from the negative side. For 
this purpose, the ordinary op-amp comparator or "weak" Schmitt trigger is 
usually sufficient. In the examples that follow, we will choose 0.5 volts 
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as a reference level, but other levels can be ‘chosen. [Ground level is not — 
chosen because too many signals have an off state very close to zero, and 
erratic triggering could occur. ] The first example 

at the right shows a comparator used to define a <N 

gate whenever the input goes over 0.5 volts. The 
input impedance is 100k, and the output gate is 
either zero or about +13 volts. This is a useful 
gate level for CMOS circuits run between +15 and 
ground. If a TTL version of this is needed, it 

is possible to reverse the input terminals aa the 
comparator, and employ the standard analog to TTL 
stage, which is inverting. This circuit is shown 

at the right. These same two circuits will work 
for inputting trigger signals if the pulse shape 

is established outside. In some cases, it is useful 
to obtain a trigger signal from a Sion varying 
input signal. In such a case, the comparator output can be differentiated to 
give a short pulse, and the unwanted transition can be blocked with a diode. 


The circuit below gives a positive trigger whenever the input crosses 0.5 volts 
from the negative side. 
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ba Trigger 


The standard output structure for electronic music modules is a voltage 
output with a 1000 ohm output impedance. This structure starts with a low 
output impedance voltage source such as the output of an op-amp, FET source 
follower, or emitter follower, and 1000 ohms of series resistance is added. 


OUTPUT STRUCTURES 


Since it is the output voltage that is used, we must ask how the module 
being driven will change the open circuit properties of the module that is the 
source. We have seen above that the standard input structure has an input 
impedance on the order of 50k to 100k. Thus, we can see that the load can 
be expected to be a few percent of the output impedance. 


First it is necessary to take a look at the meaning of output impedance. 
Suppose you have a black box with two output terminals and you measure the 
output voltage with a device that has a very high input impedance (scope or 
FET input voltmeter for example). You find the voltage is 5 volts, and you 
then connect a 5k resistor across the output terminals and expect a current 
of 5/5000 amps (1 ma) to flow. Actually, you will find a lower value of current 
flowing. This is because the voltage source has some impedance of its own. 

It is the usual practice to consider this to be a resistance R. in series 

with an (Imaginary) perfect voltage source. 

This internal resistance can be very important 

in many practical problems. A familiar example 

is the ordinary flashlight battery which may 

measure a full 1.5 volts, and yet fail completely ome Ry 
to light a bulb due to large increases of internal 

resistance as the cell ages. Suppose the black box 

we are considering is a perfect 5 volt source with 

a lk series resistor Rs as shown at the right. 
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Two things become apparent when we look at the circuit as a series resistance 
problem and just apply Ohm's law. The current is actually 0.83 ma and the 
voltage on the output terminals drops to 4.17 volts, down 172 from the open 
circuit case. This is called loading. What happens when we consider other loads? 


When we put a 100k resistor on the output terminals, we get a current of 
0.0495 ma, for an output voltage that has dropped to 4.95 volts, or about a 1% 
drop. This is not too serious in most cases. Another interesting case is the 
load of lk. In this case the voltage drops to 2.5 volts, exactly half the open 
circuit voltage. This is a common way of measuring output impedance - you just 
load down the circuit until the voltage drops to half its unloaded value. The 
load resistor and the output impedance then have the same value. It is nearly 
as easy, and perhaps easier on the circuitry, to just load it down by 10 or 
20 percent, and use a standard series resistance calculation using Ohm's law. 


As a variation, consider a vary high output impedance (say 10 Megohms) and 
use the device to drive a series of loads from zero ohms to 100k. For zero 
ohms, the current that flows is 0.5 amps, and the voltage is zero (short 
circuit). For a load of 100k, the current is 0.495 amps, and the voltage is 
still very small compared to 5 volts (0.0495 volts). Thus, the current is very 
nearly constant for a wide range of loads, and the voltage is very low. This 
is the simplest example of a current source. 


Thus, a low output impedance (relative to expected loads) is necessary for 
a voltage source. A high output impedance (again relative to expected loads) 
is necessary for a current source. The casein between, where the two are of 
similar magnitude should be avoided. 


Since we are interested in inputting voltages for signals and controls, 
we have to be able to output voltages, and thus the voltage source (low output 
impedance) is used. Note that it is not necessary (nor is it desirable) to 
have input and output impedances matched. It is necessary to match impedances 
only when power is to be transferred, or for preventing reflections on trans- 
mission lines. We are transferring voltage, and we want to do it from a low 
output impedance to a high input impedance. This mismatch is desirable, but 
note that the other one (the current source) isnt. Transfer of power is the 
middle case. It is perhaps instructive here to show that the transfer of power 
is most efficient when impedances are matched. 
To do this, consider the circuit at the right. 
The power developed in the load is: 





This expression can be differentiated with respect to Ro to give: 
dP 


aay 2 ZZ 
(R, - 2R.R, + Ry) 


Setting this equal to zero to get the minimum gives: R. = R: 


2,2 2 2 
Eg WR, ORR. eRe VOR (Ry eR) 


Getting back now to the low output impedance, it might seem like the very 
low (few ohms) output impedences of op-amps, emitter followers, or source followers 
would be the best we could do. However, there are several advantages to adding 
a 1000 ohm series resistance, and few drawbacks. For one thing, it protects 
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both the output and the inputs by limiting current in the event that something 
goes wrong. Op-amp outputs can usually stand at least momentary shorts, but it 
is not good practice to take advantage of this. It is virtually impossible to 
plug in any plug and not short the live contact to ground in the process. The 
1k output resistor holds this in check. We shall see shortly that the standard 
output also allows/some degree of mixing of signals. The errors that are caused 
by this internal resistance are as we have shown above, typically a few percent. 
To show how output mixing can be achieved, consider the 
typical output stage (a) shown at the right. The output voltage 
is 5 volts, and the output impedance is lk. If we now parallel Sv 
the 1k output with a second 1k resistor as shown in (b) below, 4K 
nothing changes, except the output impedance drops to 500 ohms. (a) 
Nothing additional happens if we drive the second resistor with 
its own op-amp as in (c) below, as long as both voltages are the same. The mixing 
effect comes about when the voltages are different. A current now flows between 
the two op-amp outputs. Since the two resistors are the same value, and form a 
voltage divider, the voltage at the output is the algebraic average of the two 
op-amp outputs. Thus we have a simple 1:1 mixer (). 


ik Atk 
ik 
Cb) +8 (e) 


If three or more jacks are shorted, the average of all signals shorted is 
obtained. The main drawbacks of this method are: 1) The output impedance of the 
combination of n inputs drops to lk/n. 2) The mixing is always at equal levels: 
50%-50%, 33%-33%-33%, etc, and you can't get something like 70%-302. 





Often, we have signals that are at voltages that are higher than the level 
at which we want to output them. For example, when waveshaping a smooth signal 
into a pulse, a comparator is usually used, and this output swings between +15 
and we may want the output to be only t5. To reduce this, we select the 
appropriate resistance ratio (2:1 in this case), and select actual resistances 
so that if the two resistors were placed in parallel, the resulting resistance 
would be 1000 ohms. For our example, we find that 
this requires that the resistors be 3k and 1.5k. +\5 
The circuit is shown at the right. To demonstrate 
that the output impedance of this voltage divider 
is in fact 1000 ohms, we have shown it with a lk 
load. The output voltage with a 1k load is 2.5 2.5 
volts, which is half the open circuit voltage of 
5 volts, and as we demonstrated above, this is 
the condition for the output impedance being equal 
to the load. 





LK 


The 1k output resistors (or the equivalent voltage dividers) are generally 
used on all front panel output jacks. One exception to this is the main control 
voltage from the main controller of the system. This control voltage is 
standardized to be applied to a 100k summing node for a one-volt/octave response. 
Some sort of output jack for this main control voltage is usually necessary for 
interfacing with other systems even where the main distribution of this voltage 
to modules is by switches. If a lk resistor were used here, it would cause the 
effective input impedance to the summing node to be 101k, a 1% error which would 
be very serious for pitch control. 
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CHAPTER 5B 


VOLTAGE-CONTROLLED OSCILLATOR DESIGN 








CONTENTS: 


Introductory Notes 

Introduction 

Design of the Basic Oscillator 
Design of Exponential Current Stages 


Design of Waveshaping Circuits 


Design Example 


INTRODUCTORY NOTES: 


This chapter is quite important, and is fairly difficult. This 
chapter and the three that follow it contain the majority of the standard 
techniques that are used in the more or less standard electronic music 
modules: VCO's, VCA's, VCF's, and Envelope Generators. The actual 
introduction to this chapter that follows is three pages long, and is 
actually an overview of the full chapter. Many readers may wish to read 
only the introduction carefully, skim the rest of the chapter, and return 
to the exact details of this chapter after going over Chapters 5c, 5d, and 
Se. It will be found that many of the ideas will reappear elsewhere, 
and it is perhaps a good idea to have the proper overview before digging 
into the major part of this chapter. 
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INTRODUCTION: 

Electronic music VCO design presents dne of the toughest problems for 
musical engineers. The reason for this is that the human ear is extremely 
sensitive to changes in pitch, and many compositional processes (such as multi- 
tracking) further bring out errors in pitch relationships. 

It should be realized that there is a world of difference between the 
requirements of a simple system with one VCO, and the requirements of a pro- 


fessional system with several (or many) VCO's. If the VCO is being designed 
for a simple system, a relaxed design will suffice providing it has reasonably 
accurate exponential response. On the other hand, a professional system 


requires that VCO's maintain accuracy with respect to each other, and with 
respect to time. In professional systems, the VCO's are often used in parallel, 
and must track accurately to maintain a desired tone color. Also, professional 
recordings are often made by "multi-tracking.'' This means that one part of a 
composition is recorded on one tape track, the tape is backed up, and the second 
part is superimposed on the first. It is therefore important that the oscillators 
not drift during the time it takes to put down one part and the time when the 
second track is superimposed. The same is important for live performance when 

it is necessary for a synthesizer to stay tuned to other live instruments. Drift 
of an oscillator is caused by the variation of one of the electrical parameters 
of the system. This is largly a matter of changes in a components electrical 
characteristics with temperature. 





I would rate the important factors of VCO design in the following order: 
1. Exponential response (frequency is an exponential function of 
the control voltage). 
2. Thermal stability. (Low drift) 
3. Accuracy of tuning. (precise exponential response). 


4. Wide range. (full range voltage swept, not switched). 
Other important additional features are: 


1. Standard input and output structures. 

2. Control inputs with variable attenuation. 
3. Gating and syncing features. 
4. 


Different types of frequency modulation inputs. 


Less important points are: 
1. A wide variety of waveshapes. 


2. Highly precise waveshapes. 


The basic design procedure for a VCO is as follows: 


1. Selection of the basic oscillator circuit (current controlled). 
2. Selection of an exponential current source with control inputs. 


3. Connecting the oscillator and exponential current source and 
compensating either or both for proper tracking, accuracy, and 
stability. 


4. Waveshaping the basic waveform into a larger set. 
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THE BASIC OSCILLATOR: In selecting a basic oscillator circuit, the musical 
engineer will generally select either a sawtooth or a triangle generator. A 
sawtooth generator is outlined below: 


Sawtooth “vv 











When the voltage reaches 

a preset level, the level 
detector closes the switch 
rapidly discharging the 
capacitor. 





level 
detector 


Alternatively, the current source can be periodically reversed (in response to 
the level detector) to give a triangle: 


7~INI™* 


Triangle Out 





level 
detector 


The level detector and reset switch (or current reversal) must be as fast as 
possible. Any reset time delay here will cause the oscillator to go flat on the 
high end, and the amplitude level may overshoot. 


The triangle or sawtooth are generally selected because they are linear ramps, 
and maintain a linear relationship between control current and frequency. This is 
because the linear ramps (dv/dt is linear with current) spend all their time 
changing at a constant rate, and the limits on the waveform voltage are set by 
the level detector. Furthermore, either of these waveforms can be easily wave- 
shaped into the other common basic waveforms. It would be most difficult to 
start with a square wave for example and obtain other waveforms with a constant 
amplitude level. some oscillators do in fact start with a sine wave output, but 
this is generally used in a configuration that allows for a quadrature (both sine 
and cosine) output, and not as a general purpose VCO. 


THE EXPONENTIAL CURRENT SOURCE: The only exponential current source in 
general use is based on the fact that the ordinary transistor has an exponential 
collector current relative to linear changes of base-to-emitter voltage. [digital 
exponential generators offer an attractive alternative for the future]. This 
provides a simple solution, and a very wide range of the control parameter as 
compared to what could be obtained with voltage control. Control ranges of 
seven or more decades are possible with this sort of current control. If the 
same seven decade range were to be controlled with voltage, and the upper voltage 
were set at 10 volts, the low end control voltage would have to be 1 uV. This 
would present a substantial problem to say the least. The transistor does this 
control function naturally. 


The transistor current control has a major drawback in the area where it does 
the most damage - it is extremely sensitive to temperature. Left uncompensated, 
an exponential current source formed from a single transistor could easily shift 
the VCO frequency several octaves as the circuit warmed from an outside winter 
temperature to room temperature. Thus, the engineer must use matched pairs of 
transistors to zero out as much of the temperature dependence as possible, and 
then use a temperature compensating gain stage (temperature compensating resistor) 
or a thermostating method. 
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This is generally no problem over the middle range of operation. On the low end, 
leakage current will determine the lowest frequency. The bottom of the exponential 
range is determined by the transistor's saturation current. It may be necessary 
to adjust the VCO timing capacitor. On the high end, two factors combine to 

make the VCO go flat (lower than the expected pitch). The factors are the reset 
error discussed above, and the base-to-emitter "bulk" resistance of the exponential 
converting transistor. 


High end compensation techniques for the exponential converter can be employed 
to compensate for the bulk resistance. Special techniques are possible to 
compensate for reset error, or in many cases it is possible to just overcompensate 
the exponential stage to take care of the reset error too. In the latter case, 

a certain amount of matching of breakpoints in the response curves is necessary. 


WAVESHAPING: The final step is waveshaping into a more or less standard set 
of waveforms that may include: Sawtooth, inverse sawtooth, triangle, square, pulse, 
and sine. All of the required waveshaping methods are fairly simple and sufficient- 
ly accurate for musical purposes. One possible exception is the sine. There is 
no simple exact method or doing this conversion, and what is generally used is a 
method of rounding the triangle, and this generally gives at least 1% harmonic 
distortion. This may not be at all objectionable, but it is audible. A purer 


Sinewave can be obtained by following the rounded triangle with a tracking low-pass 
VCF. 


Fortunately, precise waveshape is usually not required as either the ear can 
not hear the difference, or there is simply no reason to prefer the harmonic content 
of a perfect sawtooth for example, to a sawtooth with some imperfect features. A 
possible exception to this rule comes about when the VCO is used to provide low 
frequency control signals, in which case waveform faults may become audible as 
they appear in the controlled parameter. However, this depends on the individual 
case, and no general rule can be made. 


DESIGN OF THE BASIC OSCILLATOR: 


The basic oscillator consists of a capacitor, a current source, a level 
detector, and a resetting mechanism. The waveform that is used is the voltage 
on the capacitor which is charged by the current source. The linearity of the 
frequency with current is implied by: 


I = dq/dt = C dv/dt, or dv/dt = I/C volts per second. 


The voltage swing of one cycle of the oscillator depends on the waveform. It 
is the peak-to-peak voltage for a sawtooth waveform and twice the peak-to-peak 


for a triangle. If we denote the voltage swing for one cycle as Vneyele® then 
the frequency becomes (neglecting reset time): 

dv : volts/sec cycles 

f = _dv/dt_ » where the units are: _volts/sec_ je Ss Hz 
V volts/cycle sec 

lcycle 
With these equations, the full frequency range can be calculated from the full 
current range. If this range is not satisfactory, either the current range 
or the capacitor can be changed. Note however that the decision is not arbitrary. 


First, since we are employing exponential current sources, we prefer to operate 

in a current range where the collector currents have the best exponential accuracy. 
Secondly, in general we would like to keep the capacitor small (1000 pf) in the 
case of a sawtooth generator, since we have to discharge it rapidly. Keeping 

the capacitor small assures that the resistance of the discharge switch will not 
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unduly slow the reset process. In the triangle oscillator, since the current is 
reversed, the small capacitor size is not so important, and the current range of 
the exponential source can be optimized. In either case, the capacitor should 
be polyethylene or polystyrene for the best results, and the voltage on the 
capacitor should be well buffered with a FET or a FET input op-amp. The bias 
current drawn by the buffer must be very small compared with the lowest exponent- 
ial current to be used. 


The rest of the circuit is a level detector of some sort connected to a 
reset switch or current reversing switch. A simple system is the standard 
relaxation oscillator formed from a UJT which 
serves both as a level detector and a switch. 

The basic circuit is shown at the right. The 

main drawback of this simple system is that the 
frequency range is limited due to the leakage 

current on the low end, and the fact that it will 

not discharge completely if the current is too large. 


A good low leakage switch is the ordinary BJT 
switching transistor. This can be combined with a 
Schmitt trigger (and possibly a monostable) to 
discharge the capacitor. The Schmitt trigger should 
be either a high speed logic type, or one formed 
from discrete transistors. A block diagram is 
indicated at the right. Op-amp Schmitt triggers are 
not satisfactory since they are much too slow at the higher frequencies, Other 
types of switches include various types of switching FET's, and CMOS analog 
switches. Note that usually along with the sawtooth wave, a pulse waveform is 
available in the circuit and can be brought out. 





The basic idea of the triangle generator is illustrated below for a circuit 
which demonstrates the principle, but which is not satisfactory for wide range 
vCO's due to the limited dynamic range of the multiplier: 


Triangle- 
Square Wave 
VCO 





Here, the current is reversed by the Schmitt trigger (OA-2) and the magnitude 
of the current into integrator (OA-1) is controlled by the multiplier. 


Since we are working in general with exponential current sources, what 
we need is a device that selects either the current itself, or a current of 
equal magnitude but opposite direction. The OTA is useful for this purpose. 
If the input voltage to the OTA is greater than about 100 mv, the input stage 
is saturated, and the output current will be of the same magnitude as the bias 
current, and the direction will depend on the polarity of the differential 
input voltage. [to understand this, consult the next chapter on VCA's to see 
how a differential input stage saturates, and apply this to the current mirror 
structure of the OTA]. The basic current controlled triangle oscillator is 
shown below: 
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Buffer 





Schmitt 
Trigger 






Control Current 


As we mentioned, a reset error will cause the VCO to go flat on the high 


end. The first approach to avoiding this problem is to make the discharge 
time as short as possible. This involves a fast switch, a small capacitor, 
and a low resistance switch in the case of the sawtooth oscillator. A second 


approach to reset error correction has been described by Franco [Sergio Franco, 
Hardware Design of a Real-Time Musical System, U. of Ill. Dept. of Computer 


Science report UIUCDCS-R-74-677, Oct. 1974]. The basic idea is to swamp any 
actual reset error with a much larger "dead time" and then compensate for the 
dead time. The principle is illustrated by the circuit below: 


TY 


>< y =v? mono. 
a a T 


A series resistor R, has been inserted in the current line. Instead of 
buffering the capacitor voltage, it is the voltage across the resistor-capacitor 
series connection that is monitored and fed to the level detector. Thus, a 
voltage R,I has been effectively added to the capacitor voltage. The condition 
for the statt of the discharge cycle is thus: 


vy . Ma + TOR, = Vo 


At the trigger point, assume the capacitor has been charging for a time T. The 
capacitor voltage is therefore: 


Vv =t1T/C 
Cc O 


After the trigger point is reached, the capacitor is discharged and held at 
zero for a time tT. The time for a full cycle is therefore T + tT and the 
frequency is given by: 


1/f =T+t1=VC/I +t = V,C/I - B.C +17 
c Oo 2 fe) i 


If we now make R,C = tT, then the frequency is independent of tT, and depends 


1 


only on 1. (C and the trigger level V, being fixed). 


2 
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The time T must be shorter than the period of the highest frequency we 
need. Also, note that some alteration of the sawtooth 
occurs as indicated at the right. This is because the o 4 
sawtooth is held down for a time t. This may or may not fe ® 
be serious depending on the appliaction. If the VCO is 
being used mainly for its pulse output (the output of 
the monostable), the distortion of the sawtooth is of 
no importance. It is also difficult to argue that the : ‘ 
distortion of sawtooth shape is very important if it is 
held to some small value, perhaps 10% or so. While the distorted sawtooth 
has a different tone color, it may be just as useful as the standard sawtooth. 
There is a corresponding decrease in amplitude that comes with the distortion 
of the waveshape, but if this is not large, the ear can not detect it. Where 
this distortion would come in is where the sawtooth were ultimately shaped into 
a Sine. 





T Ts 


Above, we have assumed that the reset time t has been set artificially long. 
This was to swamp any variation in the actual minimum reset time that occurs in 
the discharge process. What happens if we try to apply this method to correct 
for an existing small reset error. First of all, t may not be constant enough. 
Secondly, the reset error may be small enough that it can be corrected for 
incidentally to the correction for the bulk resistance error that occurs in the 
exponential converter (to be discussed). Otherwise, there is no reason why the 
correction scheme won't work. We can therefore consider extending Franco's 
method to the triangle oscillator as well as the sawtooth oscillator. 


First, we ask how the reset error in the triangle generator manifests itself. 
If there is a time delay in reversing the current, the amplitude of the triangle 
overshoots, and when it does reverse, it has further to go back down. It is 
perhaps mast useful here to just consider what happens if we insert the series 
resistor as in the sawtooth case: 





If the delay in reversing the current is t', then the amplitude overshoot is: 
I t'/Cc 
O 


With R, added to the circuit, the trigger points are effectively lowered by an 


amount RI , and if t" is set to RC as was done in the sawtooth case, the 
O | 
trigger points have been effectively lowered by RI, = Titi/e, which is the 


same as the amplitude overshoot. Here, we are simply dealing with the existing 
delay, and nothing artificially long has been added. There is no distortion 
of the triangle wave shape, although its amplitude is decreased. 


SYNCING OF OSCILLATORS 


It is of course useful to have oscillators track each other as accurately 
as possible, and this is the purpose of careful design. However, there is a 
limit to the accuracy that can be achieved. For exact tracking, some form 
of syncing is necessary. Before discussing syncing methods, it should be 
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pointed out that while it should be possible to have good or exact tracking in 
a synthesis system, it is not necessarily so that the more useful sounds are 
achieved with better tracking. Some very interesting sounds are achieved with 
imperfect tracking. Thus, accurate tracking is something that we should have 
when and if we choose to use it, but is not to be considered something that 
always/leads to better sounds. Consider for example, that locking oscillators 
at small integer ratios may just produce additional harmonics of the master 
oscillator. This same thing could be done by just using a different waveform. 
Thus, syncing as a useful tool begins when we consider oscillators synced at 
frequencies between the harmonics, e.g., in the first octave above the master 
oscillator as would be done when producing chords. 


Syncing methods can be divided into two classes. The first class includes 
those methods that provide trigger signals which force the oscillators that are 
being controlled to alter their normal response. The second class is the class 
of phase locking devices. These methods are inherently inexact - they are 
always searching for the correct frequency, wandering around it according to 
the parameters of the phase locked loop. 


In the first class, syncing with triggers can be achieved by designating 
one oscillator as the master (usually the lowest), and using its reset trigger 
to reset all the "slave" oscillators. This is called "Hard Sync." A second 
method is "Soft Sync," which is achieved by having a common sync terminal on 
all oscillators. No oscillator rules. What happens is that when any oscillator 
resets, it will reset all oscillators that are within a certain fraction of 
their normal reset points. Thus, certain oscillators will reset a little early. 
Generally, the factor is about 5%. This is accomplished by feeding all reset 
pulses to a common bus, attenuating the pulses to about 5%, and coupling this 
so that it drops the reference level of the oscillators. A third method 
belonging to this first class is the gated oscillator method. Here, we work 
with longer rectangular signals, not just short pulses. These longer signals 
gate the oscillator on and off. Thus, for example, when one oscillator has 
a square wave output going high, it may turn on another oscillator. The two 
are thus synced at the point where the square wave rises. 


In the second class, phase locking can be achieved either as a part of 
the VCO design, or as an externally patched loop. This method is based on 
standard phase locking principles, and operates with the master-slave principle. 
The slave oscillator is forced to track the master by means of a correction 
voltage around the loop. 


EXPONENTIAL CURRENT STAGES 


The basic exponential converter stage (exponential current stage) is based 
on the fact that in an ordinary transistor, the collector current is an 
exponential function of the base-emitter voltage: 
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where: a is forward current gain ( =1) 


12 


_ -14 
I is the emitter saturation current ( 10 to 10 amps ) 


ES 

e is the base of the natural log: 2.71828..... 

q is the charge of a single electron: 1.60219 x fio Coulombs 
Vie is the base to emitter voltage (in mV) 


k, is Boltzmann's constant (8.6167 x io? electron-volts/ °K) 
T is the temperature in °K (Absolute or Kelvin temperature) 273 + °C 


k,T/q is approximately 26 mV at room temperature (300°K) 


The last entry (k,T/q = 26 mV) makes the essential exponential equation: 


I = ale be/26 


c ES V is in mV 
be 





The single transistor exponential converter is unsatisfactory in practical 
circuits due to the temperature dependence of the I term which doubles with 
each 10°C change of temperature. Two methods of improving this are available. 
The first is simply holding the temperature of the transistor constant, but this 
is not particularly easy, and is generally used only in conjunction with the 
second method. The second method is to use a matched pair of transistors, which 
Should be on the same semiconductor chip so that temperature tracking is optimal. 
The method is illustrated below: 
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The equations for the two transistors are: 


a Vin Vee) /26 


Combining these two equations gives: 


Vin /26 


or: if = I = [ eo Vin/26 


Thus, for the matched pair, the Tas term cancels out. 


For a practical circuit, it is necessary to add a unit to scale and range of 
the input voltage, the constant I current, and a means of collecting the 
excess current at the emitter qunee Lone: This can be done with two op-amps 
as shown below: 


100k 


100k 


[Opre. 





1.5 meg 


The VCO's we will be working with have a one volt per octave response. 
Thus, the equation for the frequency is: 


V gn2* V 
= e 
O O 
* . é - . Vin/26 
The exponential function that the transistor gives naturally is e : 
we have to do some scaling. The easiest way to see what we need is to 
observe that for a change of voltage that we will call v', we need a 2:1 change 


in output current: 
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(V. +v')/26 
in 
= Sn 2 
V. /26 
in 
e 


This gives V.. +v' =V,_ + £n2 x 26 or v'=18 
in in 


This means that we will have to scale down our standard 1 volt/octave inputs 

to give 18 mV/octave at the base of the transistor that is doing the exponential 
conversion. Thus, the input voltage will have to be scaled down by something 

in excess of 50 to one. In the example current source above, this is accomplished 
by first attenuating the 100k inputs with a 2k resistor in the feedback loop of 
the op-amp. Next, a trimmer was inserted in a voltage divider to give the exact 
response required. Since the op-amp output can not exceed the limits of -15 

to +15, V. cannot exceed about +270 mV. Thus the exp(V, /26) term ranges 

from about exp(-10) to exp(+10) or from about 0.0000454 to about 22,000. 

The useful exponential range of the transistor is for currents from about l pa 

to 1 ma, a range of 10”, so we have more control voltage swing than we really 
need for normal exponential converters. It remains therefore to set the value 

of the reference current for the proper range. When V,;, = 0, the output current 
is the same as the reference current. We can thus expect to set this current 

in about the middle of the useful range (which would be at 1 wa). However, with 
the current source shown (op-amp summing node) we can see that 1 pa is a pretty 
small current unless the op-amp has a very low bias current. Thus it is common 
to select a higher value for the reference current from 10 ua to 100 va which 
corresponds to values of R. from 1.5 meg to 150k. 


This explains the function of all the resistors except R_. Observe that the 
output of OA-2 runs at a negative voltage to collect the excess current from the 
tied emitters. At the highest frequencies, ds will be much greater than Lae? 


This means that the current through R, will be essentially the current Lae The 
current through R is limited by the lowest voltage (-15) that the output of OA-2 
can reach. Thus, RA sets a maximum limit on Lat? restricting it to less than 

15/R.- This is a useful way of limiting the current if it must be done, and not 


having to worry about how high the control sum (output of OA-1) can possibly go. 


At this point, we should point out that while the I temperature dependence 


ES 
has been cancelled out, there is still a temperature dependence in the output 


which we can see by looking at the complete form of the exponential expression: 
és qv, /kaT 


The 1/T term in the exponent remains. If we are thermostating the transistor 
pair, this is under control, otherwise, we must compensate for this for the very 
best performance. Since our circuits operate around room temperature (300°K) 
the 1/T term is about one part in 300. The exponent thus changes by one part 
in 300 per °C change in temperature. To compensate for this, we can make Vin 


change by one part in 300 per °C as well. This is done with a temperature 
compensating resistor which changes its resistance upward by one part in 300 per 
°C, and placing this resistor in the feedback loop of the op-amp input summer. 
The usual resistor used here is the type Q81 from Tel Labs of Manchester, NH. 
The required temperature coefficient is +0.33%/°C, and these are usually found 
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as what is nearly equivalent! 3500 : 
; : ppm/°C. The i : : 
contact with the matched pair of transistors. a pood Cnermat 


Thermostating of the transistor pair is a usable technique, but it d 
require a good deal of extra current from the power suppl : a 
the semiconductor material must be held age 
erature, 


: This is because 
) at a temperature well above room t 
e td aie 7 
— eae aun there is no simple electrical means of cooling. Matched a. 
Saas noe tetingoe be oe with their own internal heaters (Fairchild 726) 
an make his own using a transistor i 
array chip with at l 4 
transistors. Two are used a I : 
as the matched pair, one 
the : as a temperature sensor 
and one as a heater. The basic idea is shown by the circuit below: 


Pin numbers for CA3046 
References, EN#33, EN#52 





While this does work, it does require power, and does produce some heat that 
could find its way into other components and cause them to drift. To summarize 
the situation on temperature compensation, the i dependence is removed by using 
a matched pair, thermostated or not makes little difference. The 1/T dependence 
of the exponent is compensated by a temperature compensating resistor or with 

a temperature controlled matched pair. 


The exponential current stage above was a current sink, it pulled current 
into it. At times we need an exponential current source. This is true when 
we are driving the type CA3080 OTA as a control element. It is unfortunate 
that the CA3080 requires control current input to it rather than pulled out 
of it. To see why this is, consider that we have to use a PNP pair for a 
current source. This means that we need a rising input voltage for more 
current, not a falling one as in the case of the NPN pair. Thus, the inverting 
input summer is not enough if we want rising voltages to represent rising 
frequencies. What must be done in this case is to use an inverter stage, or 
a current mirror on the exponential output. This type of circuit will be 
demonstrated as the example design in this chapter. Note that while this 
extra inverter is a drawback in the VCO case, it can prove useful in VCF design 
as it provides a means of inverting the filters response to a control envelope. 


We mentioned that it is necessary to compensate the exponential converter 
for the bulk resistance of the base-emitter junction. 
To understand this, consider the transistor model at 
the right where we show this bulk resistance as an 
equivalent series resistor r.. This means that the 
actual transistor equation is: 


dV ort.) /kgt 





me = aL ce 
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This bulk resistance proves a problem only at high currents (high frequency) as 
otherwise the r I. term is very small. To correct for this, we have to develope 
a voltage proportional to I. and feed this back. A suitable circuit is shown 
below: 


Correction Loop 





100k 2k 1. . 





= 
I (Out ) 
G 
ives I 
Meg e 
V 
e 
corr 
R 
1.5 Meg lk corr 
= 1.5k RY 2k 
CIRCUIT FOR BULK RESISTANCE 
CORRECTION 
Analysis of the circuit goes as follows: The bulk resistance is generally 
on the order of 10 ohms. For certain "log conformance" transistors, it may be 
as low as 1 ohm, but we will use the larger value. The circuit is similar to 


the earlier design, except the emitter line is split into three parts: the voltage 
across Rg, the voltage across the extra transistor, and the voltage across R’. 
In normal operation, The two currents I of and IT. add together and pass through 


both R_ and R'’. The correction voltage V is thus I R', V_ is approximately 
e corr e c 


-IR, - 0.6, and V, is approximately ve + 0.6, held there by the op-amp. 


b rr 
When the current I. becomes large, then the voltage error due to bulk resistance 


is: 
Ir 
ce 


and the correction voltage is: V =R'T = 2keI 
corr Cc Cc 


We must feed a portion of pears back through the input so that it cancels the 
error term. Thus: 
2k 


2keI ° =Tr = 10°-TI >> ~ v' 
R ce Cc ee - ee - 





from which we find that R - ~ 400k. This would be the value of resistance to 
start with. coe 
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We noted above that this bulk resistance error is a high end error like the 
reset timing error. Where reset timing error is fairly small, it is often 
possible to just overcompensate the exponential converter for bulk resistance 
error, and get both at the same time. In the event that the timing error must 
receive individual care, it may be possible to just set a "ballpark" value for 
the resistor in the current line, and do the trimming with the bulk resistance 
correction trimmer. 


A technique of exponential conversion employing a complementary pair of 
transistors was described by T. Mikulic in EN#37 (2). The device is basically 
an emitter follower of one type driving the exponential 
converting transistor of the other type. The basic 
circuit is shown at the right. By using a NPN 
transistor as an emitter follower, and a PNP transistor = 
as the converting transistor, a current source suitable 
for driving OTA's is achieved. If the pair are 


matched for Lag: the temperature dependence of Las 


is cancelled, and the 1/300°K term is compensated as in the circuits described 
above. The bulk resistance term is compensated with a parallel matched pair 
which supply a correction voltage. A full circuit is shown below: 


100k 12 
100k 1% 2k T.C. 472 


100k 1% Volts/Octave Trim 


1002 matche 


1.8k 8202 100k 





o- Current 
[i] 
a matcheg Source 
324k 12 
1.5k 
Current Source Using Matched ic Heh Peee, 
PNP-NPN Pairs Track Trim 


One disadvantage of the circuit is due to the difficulty of obtaining the 
necessary matched PNP-NPN pairs. It is not possible to match different type 
pairs to the same precision that can be achieved with monolithic matched pairs. 
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LINEAR CONTROL INPUTS: 


The use of linear frequency modulation for the production of dynamically 
changing spectra is an essential technique. As has been shown in the chapter 
on generalized modulations, this is most easily achieved with linear controls 
which are used to supplement the exponential controls. The easiest linear 
control to implement is the one that results in a constant modulation index. 
This is achieved by a linear modulation of the reference current to the 
exponential converter. When setting up such a control, it is only necessary 
to realize that the reference current is achieved as a current flowing between 
a supply voltage and ground (a summing node). A second input to this summing 
node can add or subtract from the reference current. Note also that this 
sort of input can also be used to gate the oscillator by reducing the reference 
current to zero. 


\ map 7 


timed 


A second type of linear control is acheived by adding a current source 
to the current line at the output of the exponential source. This control 
must be carefully done. The result is linear FM with a constant frequency 
deviation. This is also useful for achieving a constant offset between two 
otherwise tracking VCO's. If two exponential oscillators are offset by 10 
Hz at one frequency, the beat frequency will be 10 Hz. One octave higher, 
the beat frequency will be 20 Hz. Since beating provides useful choral 
effects, it is useful to have a constant beat rate. The linear control 
achieves this. Note however, that this implies that one of the "tracking" 
VCO's is not exponential. The linear offset is a residual number of Hertz 
that destroys the exponential relationship. Of course, this was being used 
to advantage in achieving a constant beat rate, but it does point out an 
important requirement of this sort of linear control - when it is not needed, 
it should really be off. Thus if this is implemented, there should be an 
actual switch or some method to insure that there is no leakage current, 
otherwise, the exponential tracking may be thrown off enough to be annoying. 






Constant Frequency 
Deviation FM 






Modulation 


Bilateral 
In 


V/I 
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WAVSHAPING CIRCUITRY 


SAWTOOTH TO TRIANGLE: 


One basic method of converting a sawtooth wave to a triangle was devised by 
Moog (JAES 1965). It consists of allowing a transistor to either operate as an 
inverter or a follower. The break point is the point at which the transistor 
saturates. A circuit for converting a zero to +5 volt sawtooth to a +5 triangle is 
shown below. The capacitor is used to remove a small glitch in the waveform 
that occurs when the transistor goes into saturation: 


0 to +5 Saw In 


47 pf 
47k 
100k 1k 
02k 15k 22k — 0 
; 2N3904 +5 TRIANGLE 
N390 OUT 
16k 
10k 
= 100k 741 or better 
; 15k 
100k 
Symmetry Trim = 


A second method of converting a sawtooth to a triangle is to first derive the 
inverted sawtooth, and then employ a circuit that selects the larger of the original 
or the inverted version. A circuit for doing this is shown below. This method 
also has a glitch when the diodes switch, and the capacitor removes this. 


SAWTOOTH IN 
0 to +5 
100k 100k 150pft 
Nee 56k 220k 
3.3 
meg 


100k 


INVERTED SAWTOOTH OUT 
+5 to O 


lk Lk 
100k ATk 
TRIANGLE 
2.2 
300k SAWTOOTH TO TRIANGLE 


Note that of all the standard waveforms, only the inverted sawtooth makes much sense. 


This is useful as a control signal. Except for the pulse, the inversion of other 
waveforms is just a 180° phase shift. 
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TRIANGLE TO SAWTOOTH 


The integrator - Schmitt-trigger type of triangle oscillator also produces 
a square wave that is in phase with the triangle, and this makes possible a saw- 
tooth conversion method based on a switched inverter-non-inverter. 


fe, 


With the switched closed, R, is just a load resistor on the driving stage, and 

the circuit is an inverter. With the switch open, no current flows through R 

so the # input of the op-amp is as the input potential. Since the differentia 

input voltage of the op-amp must be zero, the ~- input is also at the input potential. 
Thus no current flows through R,, and no current is available for R, either. Thus 
the output is at the input potential, and the circuit is a follower. 


If the circuit is switched by the square wave from the Schmitt trigger, every 
other half on the triangle wave is inverted, and a double frequency sawtooth 
results. If part of the square wave is added back in to the double frequency 
sawtooth, the original frequency is recovered. The basic idea is shown below. 

In a specific case, some of the phases may be different, but the scheme is 
similar. It should be realized however that there is a slight "glitch" in the 
final sawtooth at the midpoint of the ramp. This is due to the switching time 
of the switch, which is typically a FET switch or an analog switch. The glitch 
width is independent of frequency and is inaudible. It will however cause an 
extra count on a frequency meter. 


15k 5k Saw Shape Trim 
Triangle Square 
+5 +15 


100k 


Ik 100k ea ate 


1k > 3.3k 
~ SAWTOOTH SHAPER FOR TRIANGLE- 
, SCHMITT TRIGGER TYPE OF OSCILLATOR 


2N3819 


SS 


A basic triangle generator has a square wave available directly. The 
second waveform in a sawtooth generator is the short reset pulse. In general 
however, we want to be able to derive rectangular waveforms from other smooth 
waveforms. The basic circuit here is the comparator or weak Schmitt trigger. 
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The circuit can be formed from an uncompensated op-amp such as the 748 or the 301. 
The basic circuit is shown at the right. To derive 
a square wave, it is only necessary to connect the Tr 
input of the Schmitt trigger to a balanced sine, n 
triangle, or sawtooth. To derive a pulse of variable 
width, the reference level is made variable. It is 
also easy to make the reference level respond to an = 2 
externally applied voltage, and this permits pulse 

width modulation (PWM). It should be realized however that while this does permit 
PWM for any smoothly varying waveform, the variation in pulse width with time will 
depend on the driving waveform as well as the reference waveform. A simple PWM 
circuit is shown below: 






2k 2.2 meg 


In 5 volt Triangle, Sine, or Sawtooth 


Ze2kk 2.2 meg 


PWM IN 
+5 - 
100k 120k 
100k PULSE OUT 
Log 748 or 
= 301 
330k [no compen- 2 

sation] 


= PULES WLDTH MODULATOR 
100k Linear So ee ee 


INITIAL PULSE WIDTH 


OBTAINING A SINE WAVE 


As mentioned above, there is no exact method of obtaining a sine wave from a 
triangle, and obtaining a sine from any other waveform would be even more difficult. 
Several methods are available for shaping a triangle into an approximate sine. First, 
there are a variety of diode waveshaping circuits which form the sine by a series of 
linear sections. This is a general method, but generally it is too combersome for 
the possible accuracy. What is more useful is to select a device that is non-linear 
and use the right portion of the curve to "distort" the triangle in the direction of 
the sine. In simple terms, we want to round the triangle. One useful device for 
this purpose is the FET. The exact details of the method are given by Middlebrook 
and Richer [Electronics, Mar. 8, 1965]. A practical circuit for converting a +10 
volt triangle to a +5 volt sine is shown on the top of the next page: 


Another simple device for shaping a triangle into a sine is the two transistor 
differential amplifier. In general, this method gives about the same purity sine 
wave as the FET. It has one advantage (only one trim has to be made) and one possible 
disadvantage (it does not look best when it sounds best!). In the next chapter of 
VCA design, it is shown that the two transistor differential amplifier is linear 
only for small input signals on the order of 10 mv. Beyond 40 mv, the curves start 
to bend over. Thus, if we drive (i.e., overdrive) the differential amplifier with 


a triangle, the output is bent toward a sine. 
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Sine Symmetry Trim 


10k 
15k  ~=656k 1k 

5.6k 150 

1 meg : = 
PN +5 Sine Out 
2N3819 
+10 Triangle In 
“Ll meg 150 | 
10k SINE SHAPER USING FET 
= mate : Diodes, 1N914, 1N4148, etc. 
Shape Trim 


cg => -_- a»_- ip -_ a = = rd Cl Zz Sad a» -_ >_> Ld > [ctor emp = 


From the equations for the two transistor differential amplifier, it can be 
shown that if the peak of the triangle is V_, the amplitude of the approximating 
Sine is: P 

ue ee ey Sin[(n/2)°(V,0/V)] 
1 + BxpC-V 1:26) U 





Thus, the output sine approximation is: 


1 + Exp(-V, _/26) 


It thus remains to find the best fit of Vee to the sine as a function of Vee 
As V_ is increased, the output will go from a triangle to the best rounded 


approximation to a sine, and round on through toward a square. It is useful 
to consider the minimum square error as a measure of the best fit. The 
plot of square error as a function of ve is shown below: 


Tr SQUARE ERROR | 
ranate Sine Out | — 
aN ee 





50 100 
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The minimum square error occurs for Vp = 80 mv. A plot (2h 
of the actual error for 80 mv peak is shown at the 
right as a function of V,.. This shows that for the 
best least square fit, the maximum absolute error between ‘1s 
the sinewave and its approximation is less than 32. 

It is also useful to look at the harmonic content of 

the resulting waveform to see where the various harmonics 
go through a minimum. By symmetry, there are no even 
harmonics in the output. In practice, we will set V 

to give the best fit, and the one trim that we will P abe 
have to make is for a balanced waveform to keep even harmonics 
from coming out. A plot of the 3rd, 5th, and /7th harmonics 
are shown below. Note that the 3rd harmonic goes to zero at ~24 
about // mv, and the 5th harmonic goes through a minimum at about the same point or a 
little higher. Thus, we see strong evidence for prefering a peak input of 80 mv. 
Listening tests bear this out. 







HARMONIC CONTENT 


o a S22 ee ’ > Seep: 
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When V_ is actually set for 80 mv, one disadvantage does appear that is really of no 
importance, but which may have to be considered for commercial designs. The sine wave 
still has visable points on it at 80 mv, and it is not until about 100 mv input that the 
waveform appears well rounded (it is actually over rounded at this point, and more 
distortion results). The FET sinewave shaper on the other hand looks okay when it is 
set for minimum distortion. Bear in mind however, that neither method is perfect. 


For a practical circuit, we can use the OTA since this has a differential input 
structure (line all op-amps) and its total gain can be controlled (unlike all op-amps). 
A practical circuit that sets the peak triangle input at about 80 mv is shown at the 


top of the next page. In this circuit, only one adjustment is required. The 
circuit using the FET actually has two trimmers of which one (sine shape) is actually 
a trimmer to adjust to the specific device used. The OTA on the other hand uses the 


set of "Universal" diff amp curves, and the performance should be device independent. 
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+5 Triangle 


In 
220k 
TRIANGLE TO SINE CONVERTER 
62k USING DIFFERENTIAL AMPLIFIER 
1 Meg 
100k 
= 39k lk 
SINE OUT 
lk 
CA3080 
Even Harmonic Trim echo o 
° 741 or better 
39k 


DIGITAL WAVESHAPING 


When it is necessary to generate arbitrary waveforms (and we must be careful 
to determine if it really is necessary), the digital method is probably the easiest. 
The basic idea is as follows: You start with a frequency that is N times the 
repetition rate of the waveform you are trying to generate. You then let this 
trigger a digital counter that has N states. For each state of the counter, a 
voltage is put out that corresponds to the approximate value of the waveform at 
that time. This results in a stepped approximation to the desired waveform. 

The stepped waveform can be smoothened with a filter or by a piecewise linear 

method if this is necessary. The simplest type of counter for this purpose is 

the bucket-brigade type of digital counter. This counter passes a logical "one" 
down the line with each clock pulse, and at the end, the pulse returns to the first 
counter stage and the process repeats. Note that this circuit, and other digital 
waveshaping circuits are structurally similar to sequencer circuits, and often 

times, the same circuitry can be used for both, a fact that should not be overlooked. 
For an actual voltage output, a weighting and summing circuit is connected to the 
counter. This is an analog method of forming the proper shape. 


Clock In 


Out 





Another method of digital waveshaping is to use some sort of memory or look-up 
table to give an approximate value of the waveform as a digital word. For example, 
for a given segment of a sine wave cycle, a value for the sine wave could be read 
from a digital memory, and this could be output through a standard digital to analog 
converter. Note also, that in such a case, it is often possible to store in the 
memory fewer values than will be present in the output cycle, since it is often 
possible to use the symmetry of the waveform to advantage. 
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General programable waveform generators must be considered for the given 
application, and there is not too much that can be said ahead of time about them. 
Instead, we will take a look at a few stepped waveforms to see their properties. 

It should be realized that when we use stepped waveforms, we are really working with 


sampled data systems, and the mathematics that applies to the sampled data systems 
applies here too. 


A special stepped waveform that is popular in electronic organ circuits is 
the "staircase" wave. The staircase wave is generated by inputting sharp pulses 
into an integrator, or it can be generated from octave square waves as is indicated 
below: 


Ch awa : 
(1/4)4£ | tcfsrisrisyisrisrwiusriLusy Us usr 


The staircase is a stepped approximation to a sawtooth wave as can be easily seen. 


The digital generation of sine waves has received considerable attention. 
One surprising result is that for a given number of segments N, the proper level 
selected for each segment is the value of the sine wave as it would be sampled 
at the center of each segment. This minimizes the mean square error. For N 
segments in time, the clocking frequency of the digital counter is N times the 
frequency. The spectrum of the reconstructed sine wave contains the harmonics: 
f, Nf-f£, Nft+f, 2Nf-f£, 2Nf+f, 3Nf-f, 3Nf+f, etc. The total harmonic distortion 
due to the segmentation in time is given approximately by: 


T 


ae /3z_N 


The above distortion figure assumes infinite precision for the amplitude levels. 
One case where this is certainly not true is where the amplitude level is 
represented by a digital word. If there are N'’ possible digital levels, then 
the distortion due to segmentation in amplitude is: 


1 
ne Y6 oN’ 


For example, for eight segments in time, the first formula gives about 23% distortion. 


When more accuracy is required in a sine wave "look-up" system, it is possible 
to use trig identities to reduce the memory storage requirements. The useful trig 
identity is: 

Sin (x+y) = Sinx Cosy + Cosx Siny ao 


Here, x can be the coarse value of the angle, and y can be a small correction. It 
is thus possible to have a table for x of the ordinary one quadrant type, and a 


table for small values of Siny and Cosy. 
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Another possibility for the digital generation of waveforms is to use a set 
of orthogonal functions and sum them in a series just as sinewaves are summed to 
form complex waveforms. A set of orthogonal functions that are all rectangular 
is available in the "Walsh functions," and a discussion of this method is found 
in this book in the section on additive synthesis. With the Walsh functions it 
is often possible to use fewer summing resistors. The digital part of the circuit 
has approximately the same hardware complexity as a point by point method. The 
calculations are harder. 


Before ending our discussion of the digital waveshaping methods, we should 
say a few things about the requirements of the VCO that drives the counter. It 
obviously must run at a much higher frequency than normal, and we already know 
that the full audio range starts to put VCO designs to the test even when they 
only have to run at the original frequency. Thus, it would be a considerable 
problem if ordinary VCO's were required to run at 20 times the normal frequency 
or higher. The percent error of the upper frequency would be transfered down 
by the digital counter to the same percent error down below, and this would be 
worse than the same VCO working directly at the lower frequency. Thus, if a 
VCO is to be used for a digital waveshaper, it is good to use a different design. 
What saves the day here is that it is not necessary to maintain a waveform for 
the digital waveshaper, all you need is a pulse to trigger the counter, and the 
VCO can be doing all sorts of tricks of its own and it won't matter as long as 
the pulse arrives on time. Probably the most useful trick here is to swamp 
the actual reset time with a much longer one, and then compensate for the fixed 
reset time as described earlier. 


VCO DESIGN EXAMPLE 


The VCO design example is based on the circuit in EN#46, which has proven 
a reliable circuit. Most of the structures in the design have been studied 
in detail in this chapter. A few specifics will be mentioned. 


Since we are using the CA3080 in the basic oscillator, we have to use a 
matched PNP pair in the exponential converter. This makes necessary the 
inverter stage (OA-2). We have also added a (x) to some of the resistors to 
indicate that they should be of the metal film type for stability. The lowest 
frequency is a small fraction of 1] Hz. The highest possible frequency is 
obtained by considering the current limiting of Ro: The maximum current through R, 


is 15/10k = 1.5 ma, and this is approximately the max. current into pin 5 of the 
CA3080, and the max. current out. The triangle output has a full cycle swing 
of 20 volts (-5 to +5, and +5 back to -5). Thus: 


_ 1.5 ma - 75 ke 


I 
Maan NE 0.001mf-20volts 


The Schmitt trigger selected for the design example is the two transistor discrete 


version discussed in EN#46. A linear FM control input has been added (EN#49). 
There are two outputs from the basic oscillator, (T) triangle, and (SQ) square. 
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100k 0.12% 





1 Volt/Oct. 100k 0.1%% Volts/Octave Trim 
Tel Labs Inc. Q81 Analog Devices Inc. 
100k 12%* 100k 14* 2k +0.35%/°C AD821 Matched Pair. 

COARSE 100k 

linear 100 

2.7 meg = 

FINE 

100k Log 
VAR. 100k = 
IN 

100k Log 
LINEAR nes 
FM I 1 meg* 

Note: 556 may be substituted for 307's 
above with some improvement 
100k Log o 
| 3.3k 
15k 
OA-4 CA3080 T 18k 
. 2N3819 
27k 2N3904 
) 2N3904 | SQ 
100k 6.8k 100k * metal film 
all resistors 


1/4 watt 
or 1/2 watt 


VCO DESIGN EXAMPLE, EXPONENTIAL CURRENT SOURCE AND BASIC OSCILLATOR 


The waveshaping circuits have all been discussed. The first step in the 
process is to buffer and amplify the triangle (OA-5), and then divide the 
output by two to give a +5 triangle out. The +10 volt triangle (T') drives 
the FET sine shaper. It is necessary to have at least a +7 volt triangle for 
this sine shaper. The PWM circuit is the same as in the discussion except 
the gain of the summer for the reference voltage has been increased since the 
driving waveform is +10 volts. OA-7 serves to "buffer" the Schmitt trigger 
square wave, since any current drawn from the two transistor Schmitt trigger 
could upset the levels, and certainly a 1k output here would upset things if 
the 1k resistor were connected to the tied emitters. The sawtooth circuitry 
is the same as in the waveshaping discussion except it is being driven by Te 
the +10 volt triangle, so there is a 4:1 attenuator on the T' input. 
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Sine Symmetry Trim 


10k 
15k 56k 1k 
5.6k 150 
| 1 meg 29> * 
: as * 
— 2N3819 
10k OA-6 
1 meg 
i : 150 
Sine 
Shape : 
z uk es ~ Trim diodes 1N914 or 1N4148 
2.2k = 
TRIANGLE OUT 
2.2k 
= | 2.2k 2.2 meg 
100k 220k PULSE OUT 
S0 100k 
OA-7 Log 1.5k 
ae OA-9 
v 2.2k 2.2 meg 
a 100k Linear 
SQUARE OUT INITIAL PULSE WIDTH 
1.5k | 
15k 5k Saw Shape Trim 
T ? 
100k 
3k 


1k SAWTOOTH 
3.3k 
1k : 55-46 OA-11 


all resistors 1/4 watt, 5% 


of 
NO 
zm 
ee) 
co 
a 
\O 


Note: 301 may be substituted for 748 
do not compensate 748 or 301 
in this application 





VCO DESIGN EXAMPLE, WAVESHAPING CIRCUITRY 
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CHAPTER 5c 


VOLTAGE-CONTROLLED AMPLIFIER DESIGN 








CONTENTS: 
Introduction 
Design of Two-Quadrant Multipliers 


Controlled Current Sources for VCA's 


Design Examples 





INTRODUCTION: 


A voltage-controlled amplifier (VCA) is usually a two-quadrant multiplier. 
The VCA thus has one input that can handle voltages of either polarity with 
respect to ground, and a second input that handles only one polarity (positive). 
The two-quadrant multiplier is adjusted so that the gain of the circuit is one 
when the unipolar input is at its maximum value. For example, if it is used 
in a system where the maximum signal levels are $5 volts, we could take the 
bipolar input to be X, and the unipolar input as Y. The X input can then have 
any value from -5 to +5. The Y input can receive any voltage from -5 to +5, but 
it treats all voltages from -5 to zero just as it does zero volts. The Y 
input therefore responds to voltages in the range of zero to +5. When the X 
input is full +5 volt signal, we want the same signal at the output when the Y 
input is +5. This means that the response of the multiplier should be X-Y/5. 
For a system with standard signal levels of 110, the multiplier should give a 
response of X-Y/10. These same responses are the correct ones for any four- 
quadrant multipliers in the system, and one often considers the use of a four- 
quadrant multiplier as a VCA. In many cases, the four-quadrant multiplier 
(4QM) can be used, but for a wide dynamic range, the two-quadrant multiplier 
(2QM) has a great advantage. 
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A typical. 4QM has a dynamic range of 40-60 db. The ear has a dynamic range 
well in excess of 100 db. Thus it is reasonable to require that a VCA used for 
amplitude control have a range of at least 80 db. The better quality 2QM's 
have this necessary dynamic range (80-100 db). The main reason why the 2QM 
has a larger dynamic range is that it is simpler. Often, a 4QM is composed of 
two 2QM's that work together. This requires critical balance of components to 
work right. On the other hand, most synthesis systems have at least one 4QM 
that serves as a balanced or "ring" modulator, and this can often be used as 
a VCA in cases where the full dynamic range of the 2QM is not needed. This might 
occur for example in a case. where a m@dulating signal is enveloped in. It may 
well be that the circuit being modulated will not even respond to the modulating 
Signal when it is down by 60 db, or if it does, the ear may not be sensitive 
enough to detect the modulation. 


A second reason for preferring a 2QM over a 4QM for a VCA used for amplitude 
control is that the control signal need not be nearly as precise in its low range. 
In particular, for complete shutoff (as far as the ear is concerned) the control 
Signal need be only zero or a little negative - a precise zero is not required. 
Also, amplitude envelopes in common use have an exponential decay. This is 
reasonable when you consider that many musical instruments employ vibrating 
structures that also have (at least approximately) an exponential decay. However, 
the exponential decay to zero volts sometimes seems to hang on a bit too long to 
sound musically right. In such cases, the exponential decay envelope can be made 
to decay to a slightly negative voltage. Feeding this to a 2QM causes an earlier 
cutoff. This sort of "truncated exponential" decay would not be possible with a 
4QM. , 


IN f [ i ; VCA (2QM) _/ io g fu" ~ OUT (XY/5) 


(X) 


Truncated Exponential Envelope 


Control Input (Y) 


DESIGN OF TWO QUADRANT MULTIPLIERS 


The most popular 2QM design in use today for VCA's is the one based on the 
principle of "variable transconductance" as applied to the differential amplifier. 
The term "transconductance" is a combination of transfer function (the output 
divided by the input) and conductance, which is reciprocal resistance ia baer 
Thus, transconductance is the output current change relative to the input vo ee 
For generality, transconductance is taken as the ratio of differentials (dI/dE) an 
is often denoted ‘ The units of transconductance are reciprocal ohms or mhos 
(ohms spelled backward), but often we just think of transconductance in terms of 


a ratio of amps to volts. 
We noted in the discussion of exponential converters that the transistor obeys 


the relationship: — rt (eWBE/kBT 5.55 
where I" is some reference current in the range of 10712 to 10714 amps, q is the 
charge of the electron, and kpT is about 1/40 of an electron-volt at room temperature. 
The -1 can be neglected for forward bias. The term q/kpT is just a voltage of 

1/40 volts (about 26 mV) and is often denoted as V,. With these simplifications. 
the relationship between collector current I; and base-to-emitter voltage Vpp is: 
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Var/V 
_ 7-1, °BE/ YT 
Ig=te 


We can next consider the simple two transistor differential amplifier that is 
driven by a current source I, connected to the tied emitters. 





We will assume that the transistors are a matched pair. Clearly the two 
emitter currents must add to I,, and if we apply the exponential equation and the 
fact that the emitter and collector currents are nearly equal (high # transistors), 
we get: 


Le dy tteVBEL/VT , 71 ,VBE2/Vr Eqn. 3 
This can be solved for I' as: 

I'= I,/f eVBEL/Vr 4 eVBE2/VTy Eqn. 4 
and this can be substituted back into Eqn. 3 to give: 

11 = I,/[ 1 + e BE2-YBE1/VTy Eqn. 5a 

In = I,/[ 1+ eV BE1-VBE2/Vr, | Eqn. 5b 
Next note that VeE2 ~ VeE1 = VB2 - Vel = “Vp, = -V;, since Ve, = Veo and 
Vp2 = O. 

Ij = I,/{1 + eVin/Vry Eqn. 6a 

I, = I,/{1 + ef Vin/VTy Eqn. 6b 


The limiting and special cases for these two equations are when Vin is large and 
positive which makes Iys1ly> I4,*#0 , when V3n is large and negative, which makes 
I, *0, Ip ® I, and when Vj, = 0,in which case I, = I, = 1,/2. The two curves 
are plotted below: 

5c (3) 


or te Nee eee ee ees Pe et et eee, ee 






Ty 


| 
7 


COLLECTOR CURRENTS 
Vs. 
INPUT VOLTAGE 






100 mv ) 100 mv 


From these curves, we can note several observations. First of all, if Vin 
exceeds about 100 mV, there is little further change in the collector currents. 
This means that the amplifier saturates at about 100 mV. Further, about the 
central point (Vj, = 0), the curves are approximately linear. We will want to 
look at the non-linearity as a function of the magnitude of the input voltage. 

The actual output from the differential amplifier will result from the differential 
current Ij - I9. Note that the shape of the curves is independent of I,, but as 
Ip increases, the Magnitude of Ig - Ij for a fixed Vj, increases. This is what 

we are looking for: a gain that depends on an external voltage or current. 


Getting back now to the transconductance, we are now in a position to make 
the calculation of g,. The differential current is simply twice the value we 
have calculated for either Ij or I2. We can thus write: 


tVin Vr 


I, - In = 21,o/[l +e Eqn. 7 


This can be differentiated with respect to Vj, by the usual rules for differentiating 
a quotient to give: 


21, (Pin! VT) (vq) 


d(Ij - 192) 
dv = ~ 8m Eqn. 8 
is ooo ia fea 


This can be evaluated at the center point (V;, = 0) to give: 


To get some idea of the non-linearity of this tramsconductance, we can evaluate 

8m at other values of V3, simply by plugging the values of Vj, imto Eqn. 8 and 

seeing how far this value of gm deviates from the center value given by Eqn. 9. 

For Vi, = 10 mV, the change in g, is about 4% so we can see that we have to keep 
input signals on the base of the transistors below this value to avoid distortion. 
This is why there is usually an input attenuator (voltage divider) on the inputs. 

It is of course desirable to keep signal levels high in other circuits to have a 
favorable signal to noise ratio. In the differential amplifier however, we must 
limit the voltages to prevent distortion (the non-linearity is due to the exponential 
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relation, Eqn. 2). However, even 10 mV is a very small signal, and we don't want to 
go much below that or the signal to noise ratio on the base of the transistor is too 
high. We will see later that there are ways of "predistorting" the signal input 
voltage to linearize the transfer curves, but many practical applications can be met 
simply by limiting the input voltage to 5 to 10 mV. 


It is necessary to get the signal out of the differential amplifier as a 
single ended (referenced to zero volts) output signal. The differential current 
must be converted to a voltage difference. A differential amplifier formed from 
an op-amp could be employed, but this requires high input imped nce to avoid loading 
the collector resistors, and matched resistors on the op-amp circuit to obtain a 
high common mode rejection. In fact, it should be pointed out that to this point, 
the collector load resistors have not been involved in the discussion or the 
calculations - they could have been left out. Along with the matched collector 
resistors, we would have 3 matched pairs of resistors if we tried the op-—amp 
differential amplifier. A better solution is to use the currents Ij and I9 
to rob current from the op-amp input nodes with both the input resistors connected 
to the positive supply. voltage. Or, looked at another way, the collector load 
resistors become part of the op-amp differential amplifier. In either case, the 
thing looks a little fishy, and has to be carefully analyzed to show that it 
actually does work. The circuit is shown below: 


[Fe 23 : 
i Ip | | 
Vi 


3 
I 
y R! 


I, I, L 


Analysis goes as follows: In = I, + I, and Ip = I, +1) by just summing 
currents. Next, observe that since the differential input voltage of the op—amp 
must be zero, V, = Vo and this tells us that I, = Ip- This tells us that: 


Also, Vj = Vo = IR", and Vout = Vy -I,R' so: 


bf 


out 


So the output of the op-amp is proportional to the current difference. 


We can now look at the voltage gain of the whole circuit. For small signals 
and a constant current Io, g, is close to its V4,=0 value of I,/2V7, We can then 
replace the differentials by small excursions and write: 

V 


ae ’ = = 
out R (Ty I5) R'm Vin 


Where d(Ij-I2) and dVin in Eqn. 8 have been replaced by (1}-I2) and V4. The 
voltage gain of the amplifier is thus: 


= = ' = ' 
G Vid Vin gR IR q/2k,T Eqn. 11 


Note in particular that the gain is proportional to I,, and inversely proportional 
to the absolute temperature T. 5e (5) 


We noted above that the non linearity for a peak input voltage of 10 mV was on 
the order of 4%. It should not be assumed however that the same figure carries over 
to the case of harmonic distortion. The harmonic distortion in this case is only about 
1Z, a much smaller figure. 


At this point it is necessary to consider the application intended for the 2QM as 
this will determine where we go from here. For general purpose VCA's (60-80 db dynamic 
range), what has been done above is sufficient, and all that needs to be added is the 
controlled current source. For special purpose VCA's or for the very best quality 
VCA's, it may be necessary to improve the linearity to increase the dynamic range 
without increasing distortion (80-100 db dynamic range). This can be done by pre- 
distorting the input voltage so that it compensates for the non linearity of the 
curves for the differential amplifier. This will allow the input of signals of 50 mV 
peak with no increase in distortion. Since the noise level is fixed, the dynamic 
range is improved along with the signal/noise ratio. 


It is generally not necessary to compensate for the 1/T term in the g_ term if 
the 2QM is used for controlling audio amplitude. The ear can not detect small changes 
in amplitude any where near as well as it can small changes in pitch. In certain 
applications, the 2QM might be used as a control element for VCO's or VCF's, and the 
1/T term could prove troublesome. Interestingly enough, the same method that is 
used to predistort the input signal to linearize the 2QM happens to correct for 
temperature drift as well. [Some times, things do work out right. ] 


The circuit method for linearizing the multiplier and correcting for temperature 
is known as the "Gilbert Multiplier" after the original developer. This is simply a 





matter of placing a diode across the input and 
feeding the input in as a current source. That Ae t, 
this will work can be seen from the diode junction y v 
equation: qv../k_T 

I=tT. e a 

D ES 


where Vp is the junction voltage, and Ip is the 
current. (The other symbols are the same as we T 
° . e ° 
have been using for transistors.) This can also 
be written as: 
_ kpT 
Vy = ei 





Qn (I)/Tig) L 


q 


In practical circuits (and monolithic circuits) the diodes will be diode connected 
transistors, and they are assumed to be matched. The full analysis of the Gilbert 
multiplier is available elsewhere [e.g., the original: B. Gilbert, "A Precise Four- 
Quadrant Multiplier with Sub-Nanosecond Response" IEEE J. Solid State Circuits, Dec. 
1968, or the Non Linear Circuits Handbook (Analog Devices), pg. 217]. It will suffice 
here to point out that if we plug the expression for Vp back into the equations for 
collector currents, we will get terms of the form: 











Fog i Qn (1)/Tag) (q/k,T) 


and it is seen that both the exponential terms and the temperature terms will go out. 


The necessary combination of semiconductor elements is not presently available 
as a single chip, so it is necessary in VCO design to make provisions for an imperfect 
match. The necessary elements are available as 4QM IC's, but these would have to be 
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converted to 2QM's (see chapter on multipliers). Generally, excellent 
results can be obtained even with unmatched devices, as long as adjacent 
pairs are matched. 


Jung has described a useful presistortion technique [AES Preprint 987 
(M-1), Sept. 1974]. The predistortion is obtained from a matched diode 
array. The diode array replaces the smaller of the two resistors in the 
input attenuation. A typical circuit is shown 
at the right. The diodes generate the log 
function as described above. The diode bridge 
has an equivalent resistance on the order of 
100 ohms, so the 33k resistor (Ry) serves as 
a current source for the input. With this 
predistorter, input levels of 50 mV can be used 
with a total harmonic distortion on the order of 
0.25%, as compared to 1% for 10 mV input without 
the predistorter, and about 5% for 50 mV in 
without the predistorter. The diode array 
is available as the type CA3019. This predistorter 
can be used with either a discrete (matched pair) 
version of the differential amplifier as described 
above, or with VCO's formed with the CA3080 OTA. 
For best results, the resistors R1, R2, and R3 should be matched to 1&. 





CONTROLLED CURRENT SOURCES FOR VCA’S 


We will discuss first exponential current stages for VCA's since we 
have studied these extensively in the last chapter. Basically, little is 
changed here except we need not be so precise, and it is not necessary to 
make the 1/300°K compensation. The exponential response is usually used as 
a second type of control input, the linear one being primary. It is of 
course used where sharper response is desired. The only thing to consider 
here is the scale factor. We have something like 60 db of dynamic range 
to divide among the maximum control range. If we take this as a 5 volt 
signal, then we arrive at 12 db/volt. Since 12 db is nearly a ratio of 
4:1, we look for a scale factor that will give a 4:1 change for a 1 volt change 
of control voltage. We saw in the last chapter that a 2:1 (octave) change 
was an 18 mV change as far as the converting transistor 
was concerned. Thus, a 4:1 change is represented by 
a change of 36 mV at the base of the converting 
transistor. The input circuit using 100k to a 
summing node would thus have 3.6k in the feedback 
circuit as indicated at the right. Note that this 
is all that is really needed. There is no real 
need for a trimmer on the scale adjust, and the 
3.6k resistor need not be temperature compensating. 





For linear control, the current must be provided by a linear voltage/current 
converter. Also, we want in general a circuit that increases its output as the 
control voltage increases. Depending on the required direction of I, and the 
structure of the V/I converter, the device may function as a current mirror. 

A basic structure is shown on the top of the next page. 
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Simple Linear Current Source 
for VCA 
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The (-) input of the op-amp is a summing node, so the input current is V,/R]. 

The same current is thus the input current to the collector of T}. The two transistors 
have their bases and emitters tied together, so the V of both must be the same. Thus, 
for a matched pair, I. =I, _, and a type of current mirror has been formed. At first 
sight, the structure resembles an exponential converter (as do differential amplifiers 
in some drawings), but since there is no spread in V,,, it is not. The circuit is 

from the Signetics application notes on the type 531 op-amp, and the full diagram of 

a 2QM can be found there. Other refinements that may be found in this type of 

current source include input protection with a diode, provisions for maintaining 

a current ratio instead of the mirror, and often the bases are held slightly negative 
with one or two diode drops to keep the transistors out of saturation. These refinements 
can be found in the design examples. 


A popular type of current source is the op-amp 
summing node. With this, current is said to flow 
to a "virtual ground." However, as pointed out 
in the chapter on op-amps, it is not that the current 
forces its way in, but that the output of the op-amp 
draws the current out so that the summing node 
remains at virtual ground. Thus, the output must 
be connected to the far side of the load somehow in 
order to use the summing node as a current source. 
We have used this principle in exponential 
converters where the load is a transistor collector 
and the current is collected through an emitter 
resistor. Jung has shown [JAES, 23 #3, April 1975 
same as AES Preprint 987] that the CA3080 can be 
driven by a summing node current source by connecting 
the op-amp output to the negative supply terminal of 
the CA3080 instead of connecting this pin to the 
usual -15. 


CA3080 
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DESIGN EXAMPLES 


VCA With Linear Response 
Based on the ENS-73 VCA 
Circuit in EN#29. The 


Original Designer was 100k + 
D. Rossum. 100k t+ 100k + 
| OUT 
100k t+ 
wee 100k ; : 100k => CIN 
220 220 
Q Q 
ll : 
4 oo. 
39k 220k 
INITIAL 13 
GAIN 
1 Meg 
Puls DC Balance 





Control In 


Note: Pin numbers for CA3046 


Variable In 220k 
*for improved performance, substitute 
a type 556 op-amp. 
220k + 52, or 1% for best results 
100k other resistors 5 or 10% 1/4 watt 
180k 
VCA DESIGN EXAMPLE #1 
_ 
3) 
e 


The VCA in the first design example includes the basic two quadrant 
multiplier that was discussed in detail above, and the linear current source 
with the refinements mentioned. The circuit has proven very reliable in 
several applications. Control voltages can sum to +5 to give unity gain. 

The DC balance trimmer can be adjusted by applying an audio signal to the 
control input and adjusting for minimum control signal feedthrough in the out- 
put. The 1N4148 diode protects the control input from a voltage reversal. 

The diode connected transistor (pins 6,7, & 8) is used to drop the base voltage 
Slightly negative. Some designers use a second series diode here, and this 

can be added if desired. The diode bridge structure could be used as an input 
attenuator if desired, but for a general purpose VCA, this is not necessary. 
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100k 200 


: VCA DESIGN EXAMPLE #2 (LINEAR AND EXPONENTIAL 
AUDIO IN 


100k : CONTROLS) 
CA3080 1.5k 30k 50k 
eon Lk Out 
100k 
200 
15k 
47k 
Control Voltage 
Reject - 
(0) Initial Gain (+5) 
= elin 
pot cl 
/ exp 
100k 300k / 10k 
/ matched tw 
100k = 
/ 
/ 
CONTROL IN 3. 3k 
3.6k / 10k 
100k ’ 
100k 8.2v 
i. / if 25k : 1N4738 
Exp. Gain 





The second design example is from EN#34, a circuit designed by T. Mikulic. 
This circuit may be switched for either linear or exponential response. The VCA 
has a dynamic range up to 100 db. The linear response is (control voltage/5) and 
the exponential response is 12db/volt. When the sum of the control voltages is 
+5, the gain is 1 in either control mode. To adjust, start with the linear mode. 
Set “initial gain" to "+5" position. Adjust lin. gain so that input and outputs 
are equal. Set to exp. mode and adjust exp gain for the same level of output. 
Finally, remove the input signal from the audio inputs and connect to a control 
input. Adjust the control voltage reject trimmer for minimum feedthrough. 
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Reprint: "A Four Pole Voltage- 
Controlled Network; Analysis, 
Design, and Application as a 
Low-Pass VCF and a Quadrature 
Oscillator" [from EN#41] 


Voltage-Controlled State Variable 
Filter 








INTRODUCTION: 


The VCF is probably the most important part of the standard synthesizer - 
at least to the extent that we wish to provide new and unique sounds. A 
great deal of variety is possible in VCF's (more than is used). The basic 
design philosophy for VCF's is to first select a filter design that determines 
certain parameters of the sound that passes through it, and secondly to try 
to realize the filter with voltage-controlled elements. For the first step, 
the whole field of active filter technology is available. For the second 
step, the designer must select a control element that will work in the filter 


configuration. Control devices in common use are: 
1. The dynamic resistance of semiconductor junctions 
2. FET's as voltage-controlled resistors 
3. Multipliers (two and four quadrant types) 
4. OTA's in various configurations 
5. Analog switches with ultrasonic switching rate and variable 


duty cycle. 
5d (1) 


The design of a complete VCF thus falls into the following steps: 
1. Selection of an active filter design 
2. Applying voltage-controlled elements to control the filter 


3. Addition of the proper voltage-control input section to control all 


elements from a single exponential source. 


Of the three steps, we will be mainly dealing with only the second. The first step 
goes back to the chapter dealing with active filters, and in any case, the basic active 
filter selected is often the one that lends itself most easily to the voltage control 
devices we have in mind. This in part (along with the musical usefullness) accounts 
for the popularity of the state variable filter designs and the 4-pole low-pass and high 
pass designs. The third step is very similar to the VCO case as far as the actual 
input structure and exponential current source are concerned. The only new feature here 
is the the need to control simultaneously several control elements from the same 
exponential source. We are thus left to take a careful look at control elements for 
step two of the design. The design examples cover the design of a state variable 
filter and the four pole low-pass (as the EN reprint). This reprint from EN#41 contains 
some extensive information on the overall design process and active filter analysis 
techniques as well. 


CONTROL ELEMENTS FOR VCF’S 


A filter structure based on the dynamic resistance of semiconductor junctions was 
developed by Moog [A Voltage-Controlled Low-Pass High-Pass Filter for Audio Signal 
Processing, AES Preprint #413, 1965]. The basic principle is that the dynamic resistance 
is proportional to the standing current in the junction. In the study of VCO's and VCA's 
we frequently used the semiconductor junction equation 


V._/k.T 
IT = ie BP 
Cc 


This equation can be easily differentiated to give: 


qV._/k.T 
a Java =e CP 
c B 


P (q/k,,T) = We 


The "dynamic resistance" is just the reciprocal of the derivative (from Ohm's Law, R=V/T 
and dynamic resistance = dV/dI). 





R .. = (constant): 
dynamic ( ) t. 
The dynamic resistance is thus inversely proportional to the standing current and over a 


range comparable to the range of exponential accuracy of the junction. 


A few words on the significance of dynamic 
We see that by setting the standing current, we 
exponential curve. For small excursions about 
voltage is approximately linear, and looks like 


small AC component will see the effective resistance dV/dI. 


current thus gives a different slope on the V-I 
resistance. 


resistance and its utilization are in order. 
set the junction at a certain point on the 
this point, the variation of current with 

a resistance with slope dV/dI. Thus, a 
Changing the standing 

curve, and hence a different dynamic 
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Since we must work with small excursions in the presence of large standing 
values, we must work with a balanced driving signal and recover the signal by 
a differential means. Low-pass and high-pass filter structures can be easily 
implemented in this way as long as matched junctions are used and a certain 
amount of trimming is made. 


In the realization of the high-pass filter as described by Moog, the diodes 
that serve as the dynamic resistors also do their own exponential conversion. This 
is a relatively simple matter of providing 






a balanced control signal across the diodes a2 
as shown for one "RC'' section at the right. Buffer Buffer 
For matched diodes, the center point is at 
zero volts in the absense of an applied > | 
Signal. The R section is actually the 
V 


dynamic resistance of the two diodes if ee 
they were in parallel. 


The 'Moog Ladder" structure for the Low-Pass section is indicated below: 
+e, 
ell 7 7 


Balance 


Exptl. 
Current 


a, 





Control 


~e. 680 220 220 22D 68 


The current from the exponential converter is divided between the two sides of 

the ladder and passes through all the transistors on one side. The two transistors 
on the left side modulate the currents when a signal to be filtered is applied. 

The signal is removed from the far end of the ladder by differentially removing 

the signal from the emitters of the transistors on the right. 


A simple low-pass, band-pass, high-pass structure using dynamic resistance of 
diodes was given by Steiner in Electronic Design #25, Dec. 6, 1974. 


A second type of control element is the FET. The basic idea is to control 
the source-to-drain resistance with the gate voltage. Filters realized with this 
technique are generally limited by the linearity of the voltage-resistance curves 
of FET's, and by limited range. For this reason, they are unsuitable as general 
purpose electronic music filters, but may be useful as building block circuits in 
other structures. Circuits of this type may be found in: N. Doyle, "FET and Op—Amp,” 
Radio-Electronics July 1970; V. Georgiou, 'Voltage-Tuned Filter Varies Center 
Frequency Linearly," Electronics, Nov. 6, 1972, and D. Malham, '"Voltage-Controlled 
High-Pass Filter," Wireless World, July 1972. 





A third type of control element is the analog multiplier. This is applied 
by using the multiplier to effectively control 
a time constant of the filter as is indicated IN Cc 
by the implementation of a voltage-controlled 
integrator at the right. Depending on the 
multiplier used, the linearity can be quite 
good, but the dynamic range is seldom better 
than 100:1 at best. To be really useful, the 
range must be increased with a two-quadrant Control = 
multiplier of the OTA as described below. 
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The realization of a voltage-controlled filter by placing a reactive element in the 
feedback loop of a voltage-controlled amplifier was suggested by Moog [JAES 13 #3, pg. 200 
July 1965]. The amplifier can be a two quadrant multiplier, or an OTA if the current 
output is to be used. When we say "reactive element" it actually means a capacitor 
since inductors are out for active filters at audio frequencies. The OTA is ideal for 
this application since it has good linearity and a wide range. The realization of a 
voltage controlled low-pass section is a simple 220 100k 
matter of dumping the OTA's current output into 
a capacitor and then buffering the capacitor 
voltage, and feeding it back. This effectively 
places the capacitor in the feedback path. The 
circuit is a voltage controlled RC section. The 
reprint article that is part of this chapter will 
show how this can be expanded into a more complex 
four pole low-pass filter. 





I 
control 


If the feedback connection is removed from the above section, a voltage controlled 
integrator results. The circuit is unstable however, and must be used in a closed loop 
system such as a state variable filter to make it useful. Such a filter is covered in 
the second design example in this chapter. 


In other filter structures, the OTA may serve as a voltage-controlled resistance or 
conductance. The ability of the OTA to do so is implied by the term transconductance. 
Basically, the OTA puts out a current proportional to the voltage applied to it and 
scaled by the bias current that controls it. However, the OTA is not by itself a 
voltage-controlled resistor since it is not bilateral - the current only flows from one 
"end" in response to a voltage at the other "end". 


Note first that the OTA effectively serves as a voltage-controlled resistor in the 
integrator circuit above. This can perhaps be OTA 
made clearer by considering how the OTA can be 
used to drive an operational integrator as shown 
at the right. The op-amp summing node receives 
the current output of the OTA. 


Wilcox (EN#40, pg.7) has shown how the OTA can be used as a voltage-controlled 
resistor referenced to ground, power supply, or back to back as a floating resistor. 
The circuits are shown below: 


CA3080 








R ~ 100R' CA3080 


The voltage-controlled resistor IN 
can be used in several filter 0.005 
structures, for example the CA3080 
high-pass section shown at the 
right. The section is equivalent 220k 
to a single high-pass RC section, HIGH-PASS Lk ee. 
and gives 6 db/octave roll off SECTION 
(roll-up in this case). Sections 7 1k 27k 
may be cascaded for a sharper 

d.c. Control 


cutoff slope. = 
5d (4) bal. 





OUT 


In general, the OTA can be inserted as a VCR in many filters to control them. 
A good example is the two pole low pass Butterworth (using capacitors C and 2C) as 
described in the chapter on active filters. The VCF version has been implemented 
by Franco [Hardware Design of a Real-Time Musical System, U. of Ill. Computer 
Science Report UIUCDCS-R-74-677 (1974) pg. 51]. A simplified diagram of this 


implementation is shown below: 
= Buffer 


IN 





= Voltage-Controlled 2-Pole Butterworth 8.2K Buffer used 


by Franco 
(after Franco) 


The final control element we will be discussing is the analog switch. The 
basic idea is to turn the switch off and on very rapidly (relative to audio frequencies) 
and vary to duty cycle. This has the effect of controlling the value of a series 
resistor or capacitor in proportion to the duty cycle. For electronic music work, 
it would probably be necessary to make the duty cycle (pulse width) an exponential 
function of control voltage. For examples of the analog switching method, see: 
T. Vestergaard, "A Regulated Low-Pass Filter Based on Pulse Width Modulation," 
AES Preprint 923 (L-3) 1973, or B. Wilkinson & T. Marshall, "International Music 
Synthesizer," Electronics Today International, June 1974. Control range on these 
devices is on the order of 100:1. 


ADAPTING CURRENT SOURCES FOR VCF’S 


For electronic music work, the VCF's should generally have the same response as 
the VCO's in the system, 1 volt/octave. Thus, the exponential converters used are 
basically the same, and the only additional design problem is the distribution of the 
control current when it must service more than one control device. 


We can start by examining the usual test setup for the OTA circuit - feeding 
a current from the wiper of a pot connected between +15 through a 2/k resistor to 
pin 5 of the CA3080. We can thus control 
several CA3080's in parallel as shown at 
the right. First of all, we will assume 
that the CA3080's are matched. This may 10k - 27k 
not be true, and in cases where it is 100k 
necessary, CA3080's can be matched by 
setting up a simple gain test circuit. This 
is mainly important for four-pole filter CA3080 CA3080 
designs since each stage acts independently. In state variable designs, the response 
goes as the product of the gains and the two work together. Once we are satisfied 
with the match, we can set up the test circuit above and by varying the pot setting, 
put the CA3080 through its useful range. Note that pin 5 of the CA3080's remains 
very close to negative supply at all times. This means that pin 5 is a very low 
impedence compared to 27k and the resistors act essentially as current sources. 
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We want in general to drive the CA3080's with the current from an exponential converter. 
We can either divide the current among the CA3080's, or use a multiple controlled current 
source to supply the exponential current to CA3080's in a parallel arrangement. If we 
consider a typical PNP exponential converter as outlined below, we see that the current 
actually originates from the output of the op-amp which supplies current to the emitters 
of the PNP pair. This must be a potential that is positive, and recall that the pin's 
5 of the CA3080's are near -15. Thus, the 27k resistors are still acting as current 
sources, and since the collector supplies a current I. to two (virtually) identical 


I. 
470 rade 


USE OF RESISTORS AS SERIES CURRENT SORUCES ne 15 
i — = 
CA3080 CA3080 


circuits, the current is divided equally between the CA3080's. This is a particularly 
simple method that is useful in a state variable design. 


For more precise results, the OTA's can be driven from a multiple current mirror 
by a method suggested by Sergio Franco. In this way, we can use an NPN exponential 
converter (which as we discussed in the VCO chapter, has certain advantages), and realize 
the current mirrors with the CA3084 PNP transistor array. 









Standard NPN Exptl. 


Current Source Multiple 
[e.g., CA3046] Current 
Mirror 


Pin Numbers for CA3084 


VOLTAGE-CONTROL OF OTHER FILTER CHARACTERISTICS 


Characteristics other than the filter characteristic frequency may lend themselves 
to voltage control. This may be a simple matter of making some resistor(s) in the 
filter voltage-controlled resistors. A good example of this is voltage-controlled 
filter Q. In the state variable filter for example, the filter Q is controlled by a 
Single feedback resistor to a summing node. This can easily be voltage-controlled by 
using an OTA to deliver a current directly to the op-amp summing node. This implement- 
ation is shown in the second design example. 


Another interesting means of controlling the characteristic is to employ a voltage- 
controlled mixer to combine outputs from different filters or filter sections. The 
mixer may be a part of the actual filter, or it may be an external device. However, 


5d (6) 


it is necessary to realize that when the outputs of two filters are mixed (summed or 
subtracted), the output is not the resulting sum of the frequency responses in the areas 
where the two responses overlap. This is a simple matter of considering the phase of 
the two outputs. Consider for example that if the responses of the low and high-pass 
sections of a state variable filter were summed, only a small notch would result; it is 
the fact that the phases cancel that gives a sharp notch in the center. Thus, we must 
either do a careful phase analysis or simply do an experiemnt to see how the total 
response curve changes with the mixture. The voltage-controlled mixer section outlined 


below responds to an envelope varying from 0 to +5 volts. The outputs of the two op-amps 
vary from +15 to -15 for the first, and -15 to +15 for the second. Thus, the control 
currents to the two OTA's also vary with one rising while the other falls. The outputs 


of the OTA's are connected together and fed to a current- to-voltage converter, the final 
op-amp. Thus, the mixture varies with the envelope voltage: 


IN 1 , eee, 
JooK | 
VOLTAGE-CONTROLLED MIXER i+ 
4k 3080 
Control i Out 
O>5yv I8k [OOK 4 21K 
joo 
. IN 2 
100K 


= 21K 


DESIGN EXAMPLE #1; REPRINT: A FOUR-POLE VOLTAGE-CONTROLLED NETWORK; ANALYSIS, 


DESIGN, AND APPLICATION AS A LOW-PASS FILTER AND 
A QUADRATURE VCO: by Bernie Hutchins [reprinted from EN#41] 


The op~amp inverter circuit shown in Fig. 1 should be a familiar device by now. 
It inverts the polarity of the input, and scales it by a factor | 
of R¢/R). With the input grounded, the output remains very close 
to ground as well, but what happens when we replace the resistor 
Re with a capacitor C as in Fig. 2? Initiaily, cvrrent Vz /R Fige Ll 
which flows to the summing node (the - input junction point ) 
would normally go through Rp. Since Rr is replaced by C, the 
output current must flow into C, thus charging it. Tne output 
of the op-amp will change as is necessary to maintain the 
differential input voltage at zero (i.e., the summing node at 
virtual ground). The output thus goes from zero toward -15, 
but since this is the supply voltage, it can go no further than 
“15. At this point, the feedback quits, and the differential 
input voltage starts to go positive giving the op-amp a second 
good reason for remaining at -15 volts output. Finally, the 
- input will reach the input voitage +, the capacitor is charged to a total voltage 
of 15 + Vj, and the input current stops. 
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You might expect that if you connected the input to ground, the output would 
remain at ground. In the case of a real op-amp, this is not 
true because the differential input voltage and/or the bias 
current to the - input will cause the capacitor to slowly 
charge, as these values will never be zero. The circuit in “Pig. 3 
Figs 3 will illustrate this nicely. | ° 

The circuit with the capacitor in place of R¢ is of course the usual op-amp 
integrator circuit, and we have been using this as a filter, so we are most interested 
in its AC characteristics. So why all the worry about the DC characteristics above? 
Simply because even small DC errors may cause these integrators to charge up against 
the supply or close to it, causing clipping and/or complete cutoff. 

The traditional means of stabilizing the DC characteristics of the integrator 
4s to effectively make a leaky capacitor to drain off any charge leaking on to it. 
This can be done with the circuit in Fig. 4. | C 

We can next consider the circuit of Fig. 5 where we us Fig. 4 
both a capacitor and a resistor in the feedback circuit. At Rj 
DC and very low frequencies, the capacitor's reactance is 
much more than the resistance R, and the magnitude of the 
gain at low frequencies is thus just 1, as the capacitor is 
effectively out of the circuit. At very high frequencies 
on the other hand, the capacitor's reactance will be much less Rigs 
than R, and the resistor is effectively out of the circuit. 
The gain is therefore Xe/R = 1/21wfRC, and the thing starts 
to look like a filter as the gain (transfer function) depends 
on frequency. Since the response falls off as 1/f, we can 
see that for a one octave change, the gain drops by # This 
4s, in decibels, 20 log, + = -6 db/octavee Since gain decreases with frequency, it is 
a low-pass filter. For reasons which we will consider later, it is called a single 
pole filter. 


We have seen very often in EN that integrators have been used to form filters. 
This is the two-pole design using two integrators known as the state variable, the 
universal active filter, the biquad, and by a variety of other names. In this circuit, 
DC stability is achieved through the use of the inverter. Since we had good results 
making voltage controlled filters by this means using voltage controlled integrator 
sections (with multipliers, or with CA3080 OTA's), we want to consider using these 
voltage controlled integrator sections for higher order filters. First, we have to 
take a look at some filter theory as it applies to the integrator. 

We must first become familiar with the "s-plane", which is the "map" on which 
filters live. The quantity "s" is a complex frequency. We normally think of freq- 
uency as existing on a scale from zero to o along one axis, On the s-plane, frequency 
has both a real, and an imaginary (in the mathematical sense) aspect. In fact, the 
useful physical properties of the filter will be derived from a frequency response 
above the s-plane while following a path defined by the imaginary axis. This is a 
good example of the fact that there is really nothing very imaginary about the so 
called imaginary numbers. Their main use in filter theory is to keep track of phase 
information automatically. In order to appreciate why we want to look at filter 
response above a plane, rather than just along the one line of interest, consider 
the following: Suppose you are to travel along a straight line on a map, and there 
are no features marked along this linee To get an estimate of what your journey may 
be like, you would look for features near your line of travel. For example, a mount- 
ain peak near your path will most likely indicate some high ground will be encountered 
along your pathe Qn the s-plane, the straight line path you inspect is the positive 
imaginary axis, the elevation of the path is the filter's frequency response, and the 
mountains are the "poles" of the filter. | 

Consider for example the simple integrator in Fig. 2 as a filter. The gain of 
the integrator is -1/21TfCR. In filter terminology, this gain is called a "Transfer 
Function" which we will denote by T, and we will write this in terms of the complex 
frequency s as T(s) = -l/sCRe Note that s is generally written as o0 + jw where o 
(sigma) is the real part, and w (omega) is the imaginary part, and j =V-l. 
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The most important question to ask about T(s) is: where does it blow up. That 
is, where does it become infinite, or equivalently, where does the denomenator become 
zero. For the integrator, T(s) becomes infinite when s—>0. Thus, if we plot T(s) 
over the s-plane, we get a steep mountain around s = 0 | ae ; 
as shown in Fig. 6. The mountain is called a pole. 
The positions of the poles of a filter are important 
in the sense that they greatly influence the contour 
of T(s) over the entire s-plane. In particular, we 
examine the "height" of T(s) above the jw axis 
but pole position is also important in determining 
the stability of a filter. If the poles are located 
on the jw axis or if they move into the right half 
of the s-plane (positive values of o ), instability 
(oscillations) may occur. This is the case of a 
filter looking so hard for a certain signal that it makes its own: Active filters 
are those which use an amplifier stage to position the poles in the desired posit- 
ions on the left half of the s-plane.e. Books on active filters often indicate the 

pole positions by a cross mark (X) rather than by the mountains we have used. 
_ Note that the mountain gets steeper and steeper as you get closer and closer 
tos = 0. It becomes a thin rod (which may be the origin of the name "pole"). In 
our practical circuit however, the pole has a flat plateau as shown due to the finite 
voltage of the power supply. It is also to be observed that this pole might be a 
deep hole if we are looking at T(s),, but we generally look at |T(s)|, which is in 
the case of T(jw):([T(jw)eT(-jw)]2. At s = 0, the response becomes infinite, or 
we might say that the circuit "oscillates" at zero frequency (DC), and this is what 
we observed when we saw that the circuit of Fig. 2 responded all the way to the 
power supply voltage. 

Traveling along the jwaxis, we see the response falling off as 1/f which we have 
identified with a 6 db/octave drop. This can be drawn as in Fig. 7, but usually is 
drawn on a log-log plot as in Fig. 8, where the 6 db/octave response becomes a slope 
of -l. The log-log plot is usually used for filter frequency response. 





Fig Fig. 8 
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Suppose for the moment that we have somehow avoided the DC stability problems, 
how close is the op-amp circuit of Fig. 2 to an ideal integrator, and does it look 
anything like what we would consider a useful filter? 

These characteristics are displayed in Fig. 9. The 
interested reader is directed to a separate reference | 
for a discussion of the exact features of the op-amp h 
integrator curve. Note the similarity of this curve logit()| 
to the “open-loop gain curves" of certain internally 
compensated op-amps such as the 741. This is no coin- 
cidence, as such op-amps are actually compensated with 
a single pole. 

The op-amp integrator doesn't look much like the 
ideal low-pass filter as you can see: T(s) is way too 
high at the low frequency end, and doesn't fall off 
vertically as the ideal low-pass does, but with a slope 
of -l. Let's look at a means of improving the fall off first. 

If we cascade two or more stages like Fig. 2, we get the product of the transfer 
functions of the individual stages. Fox two stages this becomes T(s) = 1/s¢R°C and 
T(s) falls off as 1/s¢ (12 db/octave). There are now two poles of T(s), both of which 
are at s = 0, making this what is called a “second-order pole". Likewise, we can 
cascade three integrators for 14 db/octave (3-pole), and four integrators for 24 db/ 


octave (4-pole). EN¥41 (3) 5d (9) 
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We have already seen how to bring the low frequency gain down - use the circuit 

of Fig. 5- The transfer function for this is: 
-R/sC 

T(s) = “Feedback -_ -Parallel Rand C_ Re i/sc _ -} 


aa 


Input R R | R 1 ¢ sRC 





This has a pole where the denominator of T(s) becomes zero: whens = ~1/RCe Thus, 

we have moved the pole from s = 0 to s s -1/RC, thus pushing it back down the negative 
sigma axis. This is equivalent to moving the mountain back from the jw axis. Fig. 10 
shows this, and Fig. 11 shows a log-log plot of the response along the jw axis. 
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7 At s = 0, |T(s)| #1, and from that point on, it begins to fall, slowly at 
first, and finally at 6 db/octave. We can now sharpen this drop off as we suggested 
before by cascading stages, adding more poles. Fig. 12 shows experimental data 




























taken on 1, 2, 3, and 4 stages (1, 2, 3, and 4 poles at s = -1/RC). , 
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These are fairly good approximations to the ideal low-pass filter as we go to 
higher and higher order, but it should be pointed out that this is not the best that 
can be donee The best approximation (while keeping the pass band flat) is the so 
called Butterworth response or maximally flat response. The single stage used in 
Fig. 12 happens to be a single pole Butterworth filter. Cascading two first-order 
stages increases the number of poles, and makes the filter second-order, but does not 
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' preserve the Butterworth characteristics in the overall response. Two first order 
stages give: : aa 
i T(s) = (1/lesRC)(1/lesRC) = 1/(1 + 28RC + s2R2C2) 
= 1 | | | | 
— ey Sere . = ; 
+2 + where ©,= 1/RC 
which can be Poneere: with the second order bal teenth response of: 


T(s) = ——__—+—____ 

s =} 1 

aa oe 
To get a true Butterworth response, the stages must be designed to work together to 
give the correct transfer function. A comparison of a 4-pole Butterworth and the 
corresponding 4-pole, 4-sections damped integrator response is shown in Fig. 13. 
The Butterworth has a sharper corner. Fig. 14 shows the poles for the cascaded 
sections (all four poles piled up) while Fig. 15 shows the poles for the Butterworth. 
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Moving the poles around toward the jw axis and away from the o axis causes higher 
ground to appear at the middle and corner of the response curve, thus making the 
pass band flatter, and the corner sharper. In any event, we will select the 4-pole 
cascaded sections, as this is easier to do in a practical circuit. The difference 


between using four cascaded sections of type 1/(1 + sRC) and the Butterworth may not 
be important musically, especially when we consider that the filter is often used 
with feedback to produce corner peakinge A successful.electronic music VcF3does in 
fact use the cascaded section response. | 


Adding Feedback: | | 

| It is a usual practice in filter design (called the leapfrog approach) to 
consider feedback from different stages. In the present case, we want to feed the 
output of the last stage back to the input. Here, we 
must consider not only the magnitude of signal fed 
back, but the phase as well. The phase response of 
the single section is shown in Fig. 16. At low 
frequency, the phase of four sections adds up to 0°. 
At very high frequencies, the phase adds up to 90° +¢ 
90° ¢ 90° + 90° = 360° = 0° At o,= 1/RC, the phase 
is 450 ¢ 45° + 450 ¢ 45° = 180°. So by adding an 
inverter to the output, and feeding it back to the 
input, we can enhance frequencies around 1/RC 

while further rejecting lower and higher frequencies. 
The result is corner peaking and is illustrated in 
Fig. 17. <A control pot can be added to the feedback 
to control the sharpness of this peak. This control 
then serves as the "Q” control for the filter. 


Making it Oscillate: | | 
When we put a sine wave into the filter and adjust the frequency to 1/RC, each 


stage decreases the amplitude by 1/V2 = .707. After four stages, this will be down 
to + the input. If we now replace the input sine wave with the output amplified by 
a factor of four, the filter will oscillate. In practice, we are inverting the signal 
first, either by a separate op-amp or using the opposite input if available, and | 
changing the feedback resistor to =~ the normal input value. For the experimental 
network of Fig. 12, an inverter is added to the output, and a resistor of about 37k 
replaces the 150k input resistor. The frequency of oscillation is 1/RC, and the 
successive stages produce 45° phase shifts, so we can take signals from the second 

and fourth stages for example to get a quadrature oscillater. The fourth stage is - 

at 4 the amplitude of the second, but this overall filtering is useful for the follow- 
ing reason. If the feedback is too small, oscillation will die out. Making the © 
feedback larger will cause the first stage to clip at the power supply slightly. 

We want to run this first stage at a slight clip to keep oscillation stable, and thus 
the second stage will filter out this clip and give a signal level of about 10.6 volts. 
The fourth stage will have a very pure sine wave at a level of about 5.3-volts. in 
practice, all that we need to do to make the filter oscillate is to increase the Q 
control to the point where oscillation just starts. 








no rxcorner peaking 
feedback,/ \ 
Fig. 17 
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The Complete Voltage-Controlied Network: 

Voltage controlling a four stage network is now a 
simple matter of using voltage controlled integrator 
sections and feeding back each stage for unity gain 
at DC. This stage was first introduced by Terry 
Mikulic in EN#33 (5) and the modification for unity DC 
gain is shown in Fig. 18. We will use the exponential fo, 
converter and summing stage from the VCF in EN#37 (6). 1 t 
The complete filter is shown in Fig. 19. The total range : r 18 
as drawn is 1 Hz to 22 KHz as either a filter or an s2Re == 
oscillator. If you need more low range and are using the network mainly as a 
quadrature oscillator, you may want to change the capacitors from 150 pf to 1000 pf. 
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In Fig. 19, the filter output can serve to take out one of the quadrature signals 
when used as an oScilletor, as the 5.3 volt level should be close enough to the 5 


volt levels of the ENS-73. The other quadrature Ug , 6 
signal from the second stage can be reduced to a ac Lak ISok Ec 
5 volt level with 1000 ohms output impedance by BS > i os 
A ~180° 
NM Ame 


using a voltage divider of two 2k resistors as Fige 20 
shown. If you desire to use the quadrature. neil 
oscillator as a circular location modulator, you ee — 
may want to obtain the inversions of the quadrature 


Signals as well. A set of four op-amps can be used | 
for this as shown in Fig. 20. This could be simplified a little, but this circuit 


with four op-amps allows accurate settings of signal levelse For more information 
on location modulation, see EN#33 and section 8a below. 


(BOK I50K I50k 





—CeVe IN ‘C 
See Signal In eee 
mev = Rio s077\ 0 
poke R14 = as ¢ 100 Vp 2 RIE lox . 
Pe ne look, RW 2K 0.32/% : 100K, 100 
et Pea 5 RIS Pc 6 
100k = 100K. 
= | t,t 
—_ 100K a 
Ris G2) .6°2 
eo 
R26 3K ISO 
= R21 | pt 


V.C. 4—Pole Low-Pass 
Quadrature VCO 
ENS-73 Compatible 





lok R3¥ 
R33 oa5 


Controlled 
4-Pole Network 


(cosine) 





IC-1, 2, 3: 307 or 741 


Ic—4+, 5, 6, 7: CA3080 Adjust Tpl for 1 volt/octave 
TR-1,2: Matched Pair AD821 Adjust Tp2 for symmetric clip at "a" during 
TR3, 4, 5, 6: 2N3819 FET's oscillation at low frequency. 


The 2k 0.3% temp. compe resistor and TR-1,2 should be in close thermal contact. 


REFERENCES : 
1) Je Graeme, Ge Tobey & Le Huelsman, rational Amplifiers Design and 
Applications Mce-Graw Hill (Burr Brown) 1971 (page 213). a 
2) Any good book on active filters, or use the short overview in Millman & 
Halkias, Integrated Electronics, Section 16-6 (Mc=Graw Hill 1972) 
3) R.A. Moog, A Voltage-Controlied Low-Pass High-Pass Filter for Audio Signal 
Processing, AES Preprint 413 (Oct. 1965) 
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DESIGN EXAMPLE #2). VOLTAGE-CONTROLLED STATE VARIABLE FILTER (from EN#37, 
based on original design of T. Mikulic, EN#33 & EN#34) 
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This VCF features LP,BP, HP, and 
notch outputs, and V.C. Q. The 
extra inverter in the exptl. conv. 
is used here to provide inverted 
envelope control. Higher order 
filters could be obtained by 
direct state variable synthesis 
or by cascading this filter by 
various means. 


Unmarked op-amps 741 or 30/7 
* metal film preferred here 
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CHAPTER 5E 


ENVELOPE GENERATOR DESIGN 


CONTENTS: 
Introduction 
AR and AD Envelope Generators 
ADSR Envelope Generators 
Design Example —- ADSR 
Envelope Delay Units 
Design Example - Delay Unit 


Special Features 


INTRODUCTION 

An envelope generator is a circuit that generates a control voltage contour 
in response to one or more timing signals. The envelope is in general non-periodic, 
but repeats at irregular intervals. It produces a voltage that is generally zero 
before timing signals arrive, and left alone, will return to zero some time after 
the timing signals disappear. In a sense, it sets the time limits on a musical 
event, and varies some musically important parameter during the event. An envelope 
generator output is periodic only if the timing signals arrive periodically. 
Typically, the timing signals will arrive froma keyboard in response to the 
players fingers, and correspond to the musical notes the player is trying to 
produce. Envelope generators may also be triggered by timing signals from an . 
electronic generator (usually a low frequency oscillator) or some type of sequencing 
circuit. 


Timing signals are termed either "gates" or "triggers." A trigger is a 
very short voltage pulse that serves as a timing marker (e.g., a voltage level 
changed at time t=5 seconds, and here is a trigger reporting that fact). It may 
initiate some envelope action. A gate is a longer rectangular waveform of 
constant voltage and with sharp onsets and terminations. A gate denotes a 
condition, and the onset and stopping times of the condition (e.g., a key is down 
on the keyboard at time t=5, so here is a voltage level denoting it. At time t=8, 
the key is lifted, and the gate disappears.) 
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ATTACK-RELEASE (AR) ENVELOPE GENERATORS 


A gate is also the simplest form of an envelope. The problem with using 
a gate directly is that the rising and falling edges are too sharp. If the 
envelope controls some parameter of the sound (e.g., amplitude or pitch) and this 
parameter changes too fast, the ear hears an annoying click rather than an interesting 
transition. This click is due to the wide bandwidth continuous spectrum (noise) 
that results when one examines the Fourier transform of the resultant waveform 
associated with the sharp edges. Under certain conditions, the ear accepts these 
clicks, and at other times they are wrong Sepeeaee on context and musical condit- 
ioning of the listener. : 


To slow down these changes, we have to take the sharp edges off — remove the 
high frequency Fourier components. This calls for a low-pass filter. While it 
is instructive to consider how the filter shapes the gate by removing the high 
frequency components, it is the time domain analysis (step response) rather than 
the frequency domain analysis that is usually used here. The problem is the 
familiar one of applying a voltage to an RC series circuit, letting it charge, 
and then removing the voltage and letting it discharge. 


The result is the familiar exponential rise and fall. It is then a simple matter 
to add a diode so that the rise and fall’ time constants are different, and to make 
the resistors variable so that a wide range of attack and decay times ean be 
obtained. The time constants are found by multiplying together R(in ohms) and 

C (in farads) to give time in seconds. If R is 1 megohm and C is 2 microfarads, 
then the time comstant is: 


T= RC = 1x 106 x 2 x 107 = 2 seconds 
This means that it will take 2 seconds for the voltage level to change by 1 - el 
or about 63% of the total voltage. After 4 seconds, the voltage will have 
changed by 63% of the remaining voltage, and so on until the voltage change 
per unit of time constant is very small. The resulting circuit is an envelope 
generator commonly referred to as the AR (attack-release) type: 


Attack 
GATE IN nh 
log, 
Decay 
Attack Release | SIMPLE AR ENVELOPE GENERATOR 


It should be noted that the AR generated formulated in this way is accurate only 
to the limitations of the voltage drops (about 0.6 volts) across the diodes. It 

is more of a problem with the decay than attack, since it is only necessary to 

add 0.6 volts to the gate level to get the full attack. For the decay section, 

a FET switch or other analog switch can be used to provide a true ground reference 
level, or a compensation scheme can be used: 
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MORE ACCURATE GROUND REFERENCE 
USING SWITCHING FET 


(D. Rossum, EN#22) 


COMPENSATION OF AR FOR 


DIODE FORWARD VOLTAGE 
(C. Hovey, EN#31) 


Some comments should be made on the relationship between the time constants of 
the envelope generators and the actual attack and decay times. First note that since 
the envelopes are exponential, they are never mathematically completed, and as we 
have seen, they are often truncated. Also, the ordinary "RC" time constant is only a 
634 change, and we expect the effect of envelope control will be Sharper than this in 
most cases. However, for an important case, amplitude control, we find that the 
sensitivity of the ear is not especially sharp. A good figure to work with is a 1 db 
change in amplitude which is just at the level the ear can detect. This corresponds 
to a change of about 12%. Thus, we can expect the ear will not detect any change in 
amplitude once the amplitude rises to within 12% of its final value. This corresponds 
to about two RC time constants. Thus if we have values of R=2 meg and C=1 mfd, we 
can expect attack times of up to 4 seconds. Decay is a different story however since 
the final value of decay is the lowest level the ear can detect. Starting with the 
maximum amplitude of the envelope, after one RC time constant has expired, the amplitude 
will be down to about 1/3. This goes on until the tone is no longer audible. In 
general we can expect this to go on for many RC time constants due to the wide dynamic 
range of the ear. The limiting factor here is actually the VCA or course, not the ear, 
SO we are working with something like a 60 db range. Decay by 60 db would take about 
Six RC time constants. In actual operation, the decay portion of the envelope is 
often truncated so that the exponential decay comes to an abrupt end short of the 
dynamic range lower limit of the VCA. 


We should also note that in general the pots used in envelope generators should be 
logarithmic. This is quite simply because very short envelope times are useful, and 
a few milliseconds on the short end are much more important than they are on an envelope 
time ranging into seconds. Likewise, the sustain level control is actually an 
amplitude control, and should be logarithmic. 


ATTACK-DECAY (AD) ENVELOPE GENERATORS 
A second type of generator is the AD (Attack-Decay) type. This envelope 
is also exponential for both the rise and the fall, as is the AR type, but 
there is no sustain level. The envelope rises to a peak value, and then immediately 
goes into a decay condition. The envelope is initiated by a trigger signal, 
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or by the rising edge of a gate signal if a trigger is not available. Once 
initiated, the envelope is automatic and does not depend on any condition remaining 
or disappearing to determine its shape. The overall duration of the AD envelope 
depends only on the time constants set. The AD envelope generator can be 

formed from an RS flip-flop (two two-input logic gates cross coupled): 


TRIGGER IN 





AD OUT 
(TTL low 
= trig.) 
SIMPLE AD ENVELOPE GENERATOR UF 
Et ee a ee aE ee a 100k, 
Note one important point about the AD generator: The decay is a standard 


exponential, but the attack is not. A rising exponential never reaches the 
peak, so we cannot set the condition for starting decay tobe the envelope reaching 
the peak, as it will never get there. What we can do is one of three things 
that are roughly equivalent. [1] Set the reset point somewhere below the 
voltage toward which the attack is charging. [2] Let the attack charge toward 

a higher voltage than the envelope you need (e.g., toward 6 volts for a 5 volt 
envelope). [3] Amplify the voltage slightly before it goes to the threshold 
detector. In either of these cases, the voltage is trying to charge toward 

some level that is above the actual envelope output. In an extreme case, where 
this voltage is much higher than the envelope peak, the attack curve will be only 
a small part of the exponential rise, hence more linear. Also, the apparent 
time constaMt will be shortened. On the other extreme, if this voltage is 

only slightly higher than the envelope, the AD envelope will be very flat on top 
and timing may be subject to drift, and different units will behave differently 
due to component tolerances. As a general rule, the charging voltage can be set 
about 20% above the envelope voltage for a satisfactory envelope, and consistent 
results. Fortunately, the ear is not very particular about the exact shape of 
the attack portion of the curve. When reset occurs, the capacitor has the peak 
voltage and decays toward zero from that voltage. It has no way of knowing how 
this voltage was related to the attack curve, and is just the regular exponential 
decay. 


ATTACK-DECAY-SUSTAIN-RELEASE (ADSR) ENVELOPE GENERATORS 


Perhaps the most popular type of envelope generator is the ADSR type. 
(Attack-Decay—Sustain-Release). This envelope has three phases and four 
control settings. During the first phase, the envelope rises exponentially 
toward the charging voltage. What we said above about the AD attack also 
applies here. After reaching a peak voltage, the generator goes into the 
second phase: decay to a sustain level above zero. In the final stage, the 
generator decays from the sustain level to zero. Typically, the three times 
(attack, decay, and release) can be set with pots, and the sustain level can 
be set between the peak voltage (making it an AR generator) and zero (making 
it an AD generator). Typically, a sustain level of about 1/3 the peak is used. 
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At times, the decay portion is called "initial decay" and the release portion 
is called "final decay."" In some designs, the initial and final decay times 
are the same. 






DECAY ADSR ENVELOPE 


ATTACK 


We noted above that the ADSR envelope generator can (by setting the sustain 
level) be made to function as an AR or an AD envelope generator. This suggests 
that the ADSR envelope generator can be formed from the sum of an AD and an AR. 
The ADSR.output is obtained by mixing the two, and the control that sets this 
ratio is the sustain level control. The attack times of both the AD and AR 
sections must be the same, so a dual pot must be used. 






For Full Circuit 
See EN#45 (15) 


If the trigger signal is not available, the leading edge of the gate is. 
differentiated (and inverted if necessary) to give a trigger. The obvious 
limitation of doing this is that the generator is not retriggerable. When the 
trigger is available, a new AD type peak can be made to appear even if the gate 
does not disappear and come back. In keyboard playing, this would be the case 
when the player moves from one note to the other without lifting a key inbetween. 
If there is no trigger, there will be no new attack in this case; only the pitch 
will change. A circuit that senses the change of control voltage from the 
keyboard and reports this as a trigger will cause a new attack phase. 


The ADSR circuit with initial and final decay times equal is relatively 
simple, as it only involves an attack phase, and a decay to a level that is 
proportional to the gate (sustain level). When the gate goes to zero, the 
sustain level drops in proportion (i.e., it becomes zero as well) and the 
former sustain level decays to zero. | 


t 


TRIGGER 


> ADSR D=R 
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The full ADSR generator can also be formed by using digital logic and 
analog switching to examine the gate and trigger conditions and respond 
accordingly. 


5e (5) 


~  $s-1 


V 
peak Ry | > 






TRIGGER nee : ADSR 

NOT ATTACK T 

care ff a . 
D 
Pe ae 
1 
NOT GATE 
fn AS-3 
Con | ) EXCEEDS PEAK _ ¢ 

FULL ADSR LOGIC SCHEME (Reference D. Rossum, EN#22) Voeak76 


In the normal mode of operation, a gate and trigger arrive at the same time. 

The R-S flip-flop is switched to Q=1, and the analog switch (AS-1) is turned 

on. The capacitor begins to charge through R, forming the attack portion of 
the envelope, while all other analog switches remain off. When the capacitor 
(as buffered by the op-amp) voltage reaches a preset value below the charging 
voltage, the comparator switches, and this output is transferred through the 

OR gate ending the attack phase. Q goes to zero, and Q goes to the one level. 
Assuming the gate remains high, the signal from Q is coupled through the AND 
gate to turn on AS-2. The capacitor voltage then starts to decay toward 

the sustain level voltage Vc. The comparator therefore switches back to its 
original state, but this does not retrigger the R-S flip-flop - it just remains 
where it was with Q=0. The capacitor voltage approaches Vc and remains there 
until the gate disappears. When the gate goes to zero, the AND gate is cut off, 
opening AS-2, and the NO GATE signal then closes AS-3, and the capacitor voltage 
decays toward zero. 

The above is the normal mode of operation. Other modes are those in which 
the gate disappears earlier. We can examine this in the different envelope 
phases. If the gate disappears during the attack phase, the NO GATE signal 
resets the R-S flip-flop to Q=0, turning off AS-l. Since there is no gate, 

AS-2 does not come on, since the Q=]l is blocked by the GATE=0 at the AND gate. 

The third switch, AS-3 is turned on by the NO GATE, so the capacitor voltage 

decays toward zero. The second shortened mode is the one where the gate disappear 
during the second phase. The second phase is the D to S phase, and it should be 
realized that theoretically, this phase (like the R phase) never really completes 
itself, since decaying exponentials are involved. For this reason, theoretically, 
this shortened phase differg in no way from the normal mode. It is just a matter 
of degree, and what the ear can detect - the electronics is the same. What happens 
electronically is that the envelope starts to decay toward zero before it gets 

(for practical purposes) to the sustain level. These modes are diagrammed below: 





DESIGN EXAMPLE - ADSR ENVELOPE GENERATOR 


An example of a practical ADSR design is shown below. The design example 
also illustrates certain principles of logic design that can be used to reduce the 
number of IC's in the circuit. The R-S flip-flop can be formed from two two-input 
logic gates cross-coupled. We could choose either NAND or NOR gates for this 


purpose. Since both an AND type decision and an OR type decision must be made, 
we would like to apply the De Morgan theorem to use the same gate type. In 
particular, the idea of using a single quad gate package is attractive. It turns 


out that the NOR package is better on several counts. First of all, since the 
triggers we are assuming are short positive pulses, it makes sense to use the R-S 
flip-flop formed from two NOR gates. This means that the attack phase can start 
as soon as the trigger rises. If we were to use two NAND gates, we would need 

to either use an extra inverter, or differentiate the trigger to obtain a negative 
going transition from the power supply level. We then use one of the remaining 
NOR gates for the OR, planning to follow it with an inverter. The remaining NOR 
is used as an AND gate by feeding the inputs the inverted versions of the two 
conditions we want to AND (De Morgan's theorem). Thus since we want to AND the 
conditions "NOT ATTACK" and "GATE", we NOR the conditions "ATTACK" and "NO GATE." 
Fortunately, the ATTACK was the condition we had in the first place (in any case, 
the RS flip-flop makes both available), and the NO GATE is the condition we need 
to control the third analog switch. The NO GATE signal is obtained from the GATE 
input buffer. We would at this point seem to be one inverter short, but this can 
be obtained from the analog switch, since these come four to an IC package anyway 
and the fourth one would go to waste if not used for something. 
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From EN#50 


If we use an input buffer on the trigger input, then there is nothing that 
prevents us from considering the R-S flip-flop formed from two NAND gates, as the 
buffer can invert the positive going trigger to the negative going spike (logic 
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"1" going briefly to zero and back). We would then be using a NAND gate plus an 
inverter for the AND. To use the remaining NAND as an OR, we would have to have 
available "GATE" and "NOT ABOVE PEAK" (the comparator output). Since we also have 
to use the NO GATE condition, we are an inverter short. Finally, to make matters 
worse, we see that the OR output is not what is needed to reset the R-S flip-flop - 
we need a NOR gate, hence one more inverter. The NOR gate package has a clear 
advantage here. In a general case, the situation must be carefully considered. 

If the analog switches happened to be turned on by a logic zero, it would be a 
different story. 


ENVELOPE DELAY UNITS 


It is often desirable to add an initial delay section to any of the 
envelope generators we have discussed above. First of all, we must examine where 
a delay makes sense, and how this relates to the timing signals, and the envelopes 
We eventually want. 


First, it makes sense to delay an AD type of envelope. For example, the 
AD envelope responds to a trigger, and the trigger comes when a player pushes 
a key on a keyboard. If instead, we let the trigger from the keyboard turn 
on a monostable, and then when the output of the monostable falls, we trigger 
the AD generator, we have delayed it. The user can push a key on the keyboard, 
go out to lunch, and come back later to hear his note if he wishes. More 
practically, he may set a sequence of envelopes to follow one another after 
just pushing a key once. 


Contrast this with the idea of delaying a gate. It is possible and 
makes sense to delay the onset of the gate. We can consider delaying an AR 
envelope by simply using a monostable to block the gate for a period of time. 
The user would push a key, and after a delay, the gate appears. But what happens 
if he lifts the key before the delay time expires? What should happen? The 
only thing we can consider at this point is to not have anything happen. If 
a gate were to appear when the delay time expired, when would it end? A gate 
is extended in time, and must have starting and stopping points. The starting 
time can be delayed, but we must then either use a "monostable gate" (one that 
has a preset duration that starts when the delay ends — just as an AD envelope 
does), or the ending time of the real gate must be delayed by the same amount, 
and then the ending time can depend on the player. 


What is often used as a base for a delayed envelope generator is the 
ordinary ADSR generator with gate and trigger controls, and a "gate and 
trigger delay unit," which may well be an integral part of the ADSR envelope 
generator circuit. Generally, we are talking about a timing control system 
where a trigger arrives whenever the gate does, and where a trigger may arrive 
to restart the "AD" part of the generator without the gate disappearing at all. 
It is then best to consider the trigger as the start of the delay, but for 
practical purposes, the delay should be triggered by whichever occurs first - 
the gate rise or the trigger. If the gate happened to arrive slightly before 
the trigger, the AR part of the ADSR envelope could rise slightly, because 
the monostable that blocks the gate has not yet risen. This would give a 
"blip", delay, ADSR response, where the "blip" is unwanted. Thus, we have 
the monostable delay triggered by either the gate rise or the trigger. When 
the delay falls, it is then necessary to recover the gate and the trigger. 

One way of doing this is to AND the "NO DELAY" and the "GATE" condition. Thus, 
when the delay time expires, and the original gate is still on, a delayed gate 
rises, and the leading edge of this becomes the trigger. Suppose that the 

gate still remains. The ADSR envelope then goes through A,D, and S. If the 
original trigger input receives another pulse at this time, the monostable delay 
is activated, and the gate disappears at the input of the ADSR. The ADSR 
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then goes from S to R, and when the delay expires, it goes through A,D, and S$ 


again. Finally, when the original gate disappears, the ADSR goes into a final 
R. 


TIMING DIAGRAM FOR UNDELAYED AND DELAYED ADSR ENVELOPES 
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DESIGN EXAMPLE - DELAY UNIT FOR ENVELOPE GENERATOR 
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A full description of the envelope delay unit design example can be found in EN#51. 
The basic implementation follows the discussion above. The circuit can be coupled 
directly to the ADSR design example. Both the gate and trigger levels should be 5 volts. 
It is possible to buffer these inputs with type 3900 quad amplifiers as was done in the 
ADSR design example. If this is done, and the delay unit is made a permanent part of the 
ADSR envelope generator, then the buffers on the ADSR unit are not needed, and these can 
be used to drive the delay unit. 


SPECIAL TOPICS IN ENVELOPE GENERATION 


LINEAR RAMPS: Although we have been using exponential waveforms exclusively (with 
certain truncations), and there is some reason to prefer exponential decays based on 
musical acoustics, linear ramps can be employed in the designs by simply replacing the 
charging resistors with current sources. 


TIME SUSTAIN: In some designs, a sustain section of the envelope that is a preset 
time can be used. Basically, this is a matter of making the gate available from a 
monostable triggered by the trigger. The same design that was used for the delay unit 


can be employed for this by a simple switching arrangement if the delay is not used in 
this mode. 


PROGRAMMABLE WAVEFORM GENERATORS AS ENVELOPE GENERATORS: If a programmable wave- 
reset, it may be a useful programmable envelope generator. In fact, this is a preferred 
application of this sort of device. Basically, the ADSR envelope has been used to the 
exclusion of all others, probably because it produces amplitude control that is very 
similar to traditional musical sounds. A programmable waveform generator thus makes 
possible the examination of other types of amplitude control. More importantly, it is 
possible to examine the effect of different envelope contours on other parameters of the 
sound where ADSR envelopes have been used because nothing else was available, and where 
there is less reason to prefer this type of envelope shape based on musical acoustics. 


| THE MINICOMPUTER AS A MASSIVE ENVELOPE GENERATOR: Minicomputers are becoming very 
common and are being used for music synthesis. These small computers are not fast 

enough for direct digital synthesis (point by point), but can easily generate many control 
waveforms since these vary slowly relative .to the computer speed. Thus, we can think of 
the minicomputer as a multiple envelope generator, and generalize our concept of envelope 
somewhat to include any control voltage (i.e., "regular" envelopes, gates for switches, 
and stepped control voltages for discrete changes of pitch for example). It is easy for 
the computer to run through a series of routines (say 10 to 100 of them) and come up with 
a number which is output through the D/A for each routine. This voltage can be stored in 
a sample and hold corresponding to the envelope. The computer then goes ahead with the 
next routine and updates the next envelope, and so on. Eventually it gets back to the 
beginning in plenty of time (relative to the time constants of the change at the ear) to 
update it without causing a serious discontinuity. Thus the minicomputer, properly 
programmed can be a massive envelope generator. It can be programmed from a normal sort 
of musical keyboard for note-to-note changes. In addition to the computer, one D/A is 
needed, one sample-and-hold for each envelope, and the proper sampling sequencer. This 
can be connected to control traditional synthesizer voltage-controlled modules. The 
hardware is probably much simpler than the software in this case. 
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INTRODUCTION 


Sinced a balanced modulator is basically just an analog multiplier, much of the 
design is done when an accurate 4-quadrant multiplier (4QM) is designed and balanced 
(see chapter 3d). What remains to do is add circuitry external to the actual 
multiplier to accomplish the following: 


(1) Input and output signals with standard levels and impedances. 
(2) Allow for AC coupling as needed. 


(3) Permit the use of the balanced modulator module as an amplitude 
modulator, frequency doubler, and a VCA as needed. 


Of these, the first is basically just what has been done with other modules. 
Input attenuation is achieved with pots, and the actual input is the standard 
op-amp summing node. The output is taken through a 1k resistor from the output of 
the op-amp used in the multiplier level shifter. 


Assuming we have gone to a lot of trouble to balance the 4QM, we don't want to 
upset this balance by introducing a signal with a DC component. Often the outputs 
of VCO's and signal processing devices have a small DC offset that is usually no 
problem, or they may develop a drift. The direct connection of such a signal to 
the inputs will effectively unbalance the multiplier and cause the frequencies on 
the other input to appear in the output. In evaluating "carrier rejection” in 
balanced modulators, it is necessary to make sure there is in fact no DC component 
in the signals or the modulator may be blamed for doing exactly what it should. 

One solution is to make provisions for AC coupling of signals. 


5f (1) 


It is generally desirable to have any module have the capability of performing more 
than one function if this is possible. By adding an intentional DC offset, the device 
is capable of amplitude modulation. It is however necessary to do this in such a way 
that the DC balance of the 4QM can be easily restored without exacting testing. Thus, 

a one polarity DC voltage is used as the offset. With the inputs tied together, the 
device is capable of frequency doubling, and if this is done a lot, it may be desirable 
to include a switch for shorting the inputs. Finally, a balanced modulator is often 
used as a 4QM to perform VCA functions where a wide dynamic range is not too important. 


For this reason, DC coupling of the inputs should be available. 


ADAPTING THE ANALOG MULTIPLIER 


When implementing input structures, it becomes obvious that since we have several 
input structures in parallel, we will drive the inputs from op-amp summers. This 
causes some changes in the basic multiplier. (1) Since the op-amp summers are inverting, 
we will input through pins 8 and 12 instead of pins 4 and 9. (2) We can do the AC 
balance trimmer settings on the op-amps. This means that pins 4 and 9 can be grounded 
(through 470 ohm resistors for RF stability). (3) Likewise, since the impedence of 
the op-amp outputs is low, 470 ohm resistors are inserted between the outputs and pins 
8 and 12. 


We can implement AC coupling using capacitors as a switched option on the inputs. 
The factor to consider in selecting this capacitor is the low frequency response. We 
thus ask: what is the lowest frequency we would like to input to the balanced modulator? 
The first response is: DC, but this is ruled out by the need for AC coupling. We there- 
for look into the nature of balanced modulation at low frequency. We saw in the chapter 
on generalized modulation that it was the same as "beating" and very similar to 100% AM. 
Thus, note the following points: 





(a) If a low frequency (below 15 Hz) is fed through by a DC component in the 
other input, it is inaudible anyway. 

(b) If a high frequency is fed through by a DC offset in the other input 
(which, since we are considering low frequencies here, is of low frequency) 
then the carrier fed through will be between two already close sidebands. 
If the low frequency is 7 Hz or lower, beating will be heard in the output 
and this is an amplitude variation of the average frequency, which is the 
exact position of the signal leaked through. Thus, we might expect very 
little effect due to the leakage. | 

(c) Most effects achieved with the input of a low frequency can be achieved 
with a similar method using DC coupling. 


Thus, we might conclude that AC coupling down to about 7 Hz might be reasonable. 
The input resistance is something like 100k, so if we allow the capacitive reactance 
to go as high as 5k (5%), then the capacitance should be: 


C = 1/[2nf£ +X] = 1/[6°7°5000] = 5 mfd 


This 5 mfd capacitor can be achieved as two series 10 mfd electrolytics back to back. 
In many cases, a smaller capacitor will be enough and can be found as a standard dielectric 
type (e.g., a 0.47 mfd capacitor). 


In order to obtain AM effects, a combination of AC and DC must be fed to one input 
while AC is fed to the other. If a DC term is fed to both inputs, both the original 
frequencies along with the sum and difference frequencies will appear in the output. 

In setting up these DC inputs, it is best to just use one polarity; that is a pot connected 
between + and ground for example. This makes it easy to restore balance by just returning 
the control to the low position. If the pot were connected between + and -, it would 
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have to be carefully balanced after each use. In the design we will show, we use a 
+15 to ground for one DC offset (+5 due to input resistor), and -15 to ground for the 
other. This gives some choice. An important often overlooked function of such a 
device is its ability to act as an "in line" attenuator. With the suggested design, 
this can be a controlled inverting attenuator as well. For example, if you have 

the balanced modulator free, and need an inverter, just set the Y offset to the full 
—- position and insert the signal to be inverted into the X input. 


DESIGN EXAMPLE 


The specific features of this design example have been discussed above. The 
balancing technique is to first return the AM controls to zero. Next, insert a +5 
volt 1000 Hz signal (or so) into the X input (AC coupling with the gain all the way 
up). Adjust the Y-Offset for minimum signal at the output. Repeat for the Y input. 
Repeat both steps until no improvement is noted. Balance the DC with the 20k pot, 
adjusting the 68k resistor up or down if necessary. 
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The above design example shows full features on both inputs. In some cases, 
it may be necessary to simplify and just give full features on one input, and a 
simple input on the other. 
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INTRODUCTION 


A Sample-and-Hold (S&H) designed as a synthesizer module is useful for many 
purposes. It can be used to chop up any waveform (signal, noise, envelope) into steps. 
The S&H module is different in several ways from S&H circuits used in other parts of 
synthesizers. For example, there is often a S&H circuit in a keyboard interface. 

This S&H must be accurate and have minimal droop rate, but it need not be particularly 
fast. Other S&H circuits in synthesizer devices may have to be very fast, but they 
may not need to hold a voltage very long. The S&H module is an intermediate case, 
and may have some additional features for programming the sampling according to the 
user's needs. Typical specifications for a S&H module might be: 


1) Sampling rates from several hundred hertz down to 1 Hz or lower. 
2) Acceptable droop rate (less than 1%) at the longest sampling interval. 


3) The ability to slew from one signal amplitude maximum to the maximum of 
opposite polarity in one sample command. 


4) Provisions for external sampling commands. 


5) Extra features such as slew rate limiting. 


The S&H unit is basically an analog switch of some type followed by a holding 
capacitor and a buffer to slow the discharge of the capacitor. In addition, there 
is some sort of sampling command that must tell the switch when to sample. The 
analog switches that are available are the FET, the CMOS analog switch (type 4016) 
and the CA3080 OTA. The CA3080 circuit [see RCA Application Note ICAN-6668] is a 
good choice in many cases, but it can not fill all needs due to limited current 
drive. The type 4016 CMOS quad analog switch makes a simple and cheap S&H for some 
applications. In the design example, we will use the FET switch. 
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SAMPLE-AND-HOLD DESIGN EXAMPLE 


In the design example, TR-1l serves as the sampling switch. 


Since it is an N-FET, 


it is held off by a negative voltage applied to the gate (negative voltages repell the 


negative electrons which are the charge carriers). 


gate voltage is allowed to float up to the input 


holding capacitor, and the voltage on Cl is buffered by source follower TR-2. 


The FET switch is turned on when the 
Cl serves as the 
This 


voltage from OA-1. 


source follower is necessary to prevent excessive drain of current from the capacitor. 
However, the FET buffer causes a substantial offset voltage which is excessive in this 


case. 


In other cases, the offset is nulled out later on. ] 


[In many cases, the FET is inside a feedback loop and the offset is not important. 


It is convenient to correct for 


this offset using the inverting summer (OA-2) and the op-amp is also useful for lowering 


the output impedance of the device as a whole. 

input buffer (OA-1) is made an inverter as well. 
100k. It can be seen therefore that the actual 
input. Resistor Rl serves to compensate for the 
different FET is used, this value may have to be 


The heart of the timing section is the type 


the standard monostable configuration for a 100 usec. pulse out (C5°R5). 
powered between ground and -15 instead of the usual +15 to ground. 


To compensate for the inversion, the 

The input impedence is thus the standard 
voltage is stored as the negative of the 
offset of the source follower. If a 
changed some. 
555 timer. Note that this is essentially 
The 555 is 
This makes no difference 


to the 555, but the pin 3 out is thus normally held down around -15, and rises to give a 


100 usec. pulse rising toward zero. 


The resistor R2 serves to pull this output up (as 


seen by the gate of TR-1) and this allows the FET switch to be clocked with a gate voltage 


in the proper range. 





TR-2 100k 
100k 100k 2N3819 2N3819 
100k 
IN 
TR-1 oe 1k 
aan 0.002] | 12k 
47k 560k 47k 
ia INTERNAL CLOCK 
7 470k 100k = RATE 
R2 
EXTERNAL 5 Meg 
10k 8.2k 
3 
> bra 25 OF 
S55 sl 1N4148 
C4 
84 1 5 | 0.47 
Ez C5 
0.01 
SAMPLE~AND-HOLD 0.01 


DESIGN EXAMPLE 
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OA-3 serves as a comparator to allow for external clocking by any signal that 
crosses zero. The negative transition from the output of the comparator is coupled 
through differentiator C3-R3 to trigger the 555 for one sampling command out. In 
the internal mode, the pulse out of pin 3 charges C4 through the diode. Then this 
capacitor voltage discharges back toward pin 3 when the pulse falls (to -15) through 
the series 8.2k resistor and the 5 Meg RATE pot. When this level falls below the 
trigger level for pin 2 (about -10 volts in this case), another pulse is triggered. 


The specs for the design example are: 


Input signal range: | +5 to -5 volts (higher voltages inaccurate) 
Internal Clocking Rate: 1/2 Hz to 240 Hz 

External Clocking Rate: up to 8 kHz 

Droop Rate: 1%/sec. 


If slower sampling times can be used (less than 100 usec.) then R5 can be 
increased to increase the sampling time, and Cl can be increased in proportion to 
give a slower droop rate. 


ADDITIONAL FEATURES 


A number of special features can be added to S&H modules. One interesting 
device is to add slew rate limiting. This is simply a matter of inserting a 
resistance between TR-1 and Cl to slow the charging rate. This has the effect of 
limiting the maximum change that is possible for each sampling command. Only 
frequency ratios (input freq. to sampling freq.) that are close to integers will 
give amplitudes that reach the true signal maxima. With a noise input, this 
means that successive samples will be correlated to some degree and relatively large 
amplitudes will become rare. This has the effect of changing the probability 
distribution of the sampled noise. As slew limiting increases, the time averaged 
amplitude will be greatly decreased. It is possible to use a dual pot; one section 
determines the slew while the other increases the gain of the output amplifier as 
slew limiting increases. This tends to keep the maximum amplitudes in the same 
range while the probability distribution changes. 


Another device is the cascading S&H module. In this device, when a new sample 
command arrives the stored sample is first transferred to a second S&H before a new 
voltage is loaded in the first S&H. This can be extended to additional S&H units. 
Delayed sequence effects can result, and a number of analog delay line devices can 
be used in an elementary form, often with excellent musical results. Implementing 
such a multiple S&H unit is just a matter of sequencing individual S&H units with 
a device that cycles for each S&H in response to one input trigger. The delayed 
outputs appear on separate panel jacks. No additional controls are necessary. 
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INTRODUCTION 


Noise sources and random signal sources can be employed for many puropses in 
electronic music for a wide variety of effects. Such sources may have a variety 
of spectral and statistical properties, and may be pseudo-random (not actually 
random because it repeats, by short segments seem random). The concept of randomness 
is difficult to begin with and the processing of this type of signals by the human 


mind further complicates analysis. Thus, we will take the approach here of simply 
describing the devices that produce the signals without an extensive discussion of 
the properties of the signals. The devices used are mainly the so called "white 


noise’ generators, and pseudo-random sequence generators. To a large degree, the 
exact nature of the output depends on the processing of the device output by 
electronic circuits external to the actual noise source. 


NOISE SOURCES USING SEMICONDUCTOR JUNCTIONS 


A back biased semiconductor junction produces a good approximation to true 
white noise over most of the audio bandwidth. [We will consider white noise to be 
a signal with no periodic components and a time averaged spectrum that is flat. 
It is sometimes specified that white noise have a statistical amplitude distribution 
that is Gaussian - a bell shaped curve with zero as the most probable amplitude. ] 
The amplitude of the junction noise voltage is fairly small and needs considerable 
amplification to reach synthesizer signal lavels. An amplifier with good high 
frequency response is required for a good "crisp" white noise sound. 


Since white noise has a flat spectrum, it can be filtered to select or reject 
certain portions. In many cases, this is done by filters external to the noise 
source by techniques that are standard synthesizer patches. It is possible however 
to add certain filters inside the noise module to give different outputs. White 
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noise has a flat spectrum, hence equal power per unit bandwidth. [Note that this is the 
type of spectrum one gets from thermal noise and "shot" noise where the output voltage 
squared is proportional to the bandwidth.] Another type of noise is "pink noise" which 
gives equal power per octave. The sound is not so "crisp" since there is less high 
frequency energy. Finally, it is useful to heavily filter the white noise to extract a 
low-frequency portion of the noise for use as a random control signal. The example 
design has this type of three output processing. 


DESIGN EXAMPLE, WHITE, PINK, AND LOW-FREQUENCY RANDOM VOLTAGE SOURCE 


This design is based on the noise and random source designed by T. Mikulic in EN#34. 
The source of the noise is the back biased junction of TR-1. The white noise from TR-1 
is amplified by Al and A2 to give a 5 volt amplitude at the output of A2. If this gives 
too much amplification, R' can be cut back to 4.7 M or 3.3 M. A3 forms a pink noise filter 
rolling off at approximately 3 db/octave. A4 forms a single-pole low-pass filter that 
gives the low-frequency random voltage out. The output of A4 averages about 8 zero cross- 
ings per second. The overall performance level depends a lot on just how noisy the 
actual transistor happens to be. The low-frequency output is also effected by the burst 
noise of Al. It may take the circuit 10-20 seconds to establish its DC level after 
power is applied and the outputs may be pinned at the supply level until this DC level is 


established. 


R' 


5.6m 5.6K 100K 1K 
WHITE 


RANDOM SIGNAL 


SOM lapf U.TK lp? SOURCE 
7 DESIGN EXAMPLE 





100K Alcock 106 (oo \le. Lk 
—_—s 
LOW-FREQUENCY 
RANDOM 
Oo\ VOLTAGE 
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PINK 


PSEUDO-RANDOM SEQUENCE GENERATORS 


A second approach to the generation of random signals is the pseudo-random generator. 
Pseudo-random sequences can be generated by feedback 
shift registers. An example of such a generator is 
shown at the right. The feedback is obtained by 
exclusive-ORing the outputs of certain stages and 
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feeding this to the input. The flip-flops are devices that pass their input state 
to the output when clock pulses arrive. If the feedback is properly chosen, a maximal 
length pseudo-random sequence results. 


Since each filp-flop has two possible states, an n-stage shift register has ia 
possible states total. Of these, the all-zero state is not allowed since this feeds 
back a zero to the input with all zeros inside, thus stalling the shift register in 
an all-zero state. The 7 stage shift register above thus has 2/-1 = 127 possible 
states. Short sequences (say 3 to 6 stages) are useful for generating random tone 
sequences [see D. Lancaster, "Psych-Tone," PE Feb. 1971] and for musical timbre 
generation [see R. Burhans, JAES 20 #3, April 1972]. Longer sequences (say 12 - 

34 stages) are useful for generating pseudo-noise of various types. 


The problem of selecting feedback conditions so that the shift register cycles 
through all 2™-]1 states is not trivial, but the necessary data is available*. Test- 
ing for sequence length is not difficult. One sets up an n-input AND gate to detect 
the "all ones" state on the shift register. When the "all ones" state arrives, a gate 
rises and passes clock pulses to a counter. When the "all ones" state again appears, 
the gate falls, and the counter reading is the sequence length. 


DESIGN OUTLINE FOR A PSEUDO-RANDOM SEQUENCE GENERATOR 


Suppose we decide to make a pseudo-random white noise generator for audio use. 
We know from sampling theory that for a 15 kHz bandwidth, we need at least 30,000 
samples per second. [Depending on how the output is taken, it may be necessary to 
run at higher rates. | If we further stipulate that the noise should run at least 
5 minutes before repeating, then the sequence should be at least 300 sec x 30,000 
samples/sec or 9,000,000 long. This can be met by a sequence 2241 = 16,777,215. 
To get this, we start with a 24 stage shift register. We then consult a reference 
(Peterson & Weldon) and find for order 24 (page 490) the first entry is 10000020/7F. 
This is an octal representation of a "primitive irreducible polynomial" from which 
we can get the feedback condition. First we change from octal to binary: 





Shift Register Feedback Conditions 


Note there are n=24 binary digits to the right of the first "1" in the sequence. 
The remaining "1"s'' are in positions 17, 22, 23, and 24. This tells us that the 
feedback should be an exclusive-OR of stages 

17, 22, 23, and 24. The necessary 4-input 

exclusive-OR gate is made by cascading two- 

input exclusive-OR gates as indicated at the 

right. 


—— eed —_ ip —_ = —_—_ —_ = == a —_ — —_ C emeeeal —- Saad oo Casal — Ga 


*See for example D. Lancaster, "Understanding Pseudo-Random Circuits,'' Radio-Electronics 
April 1975. The theory can be found in W. Peterson & E. Weldon, Error Correcting 
Codes, MIT Press (1972); feedback conditions can be derived from the tables in 
Appendix C. J. Peatman, The Design of Digital Systems, McGraw-Hill (1972) gives 
design information for registers up to 20 stages using JK flip-flops; see Appendix 
A-3, pg 415. A table for sequences from 2 to 34 stages derived from Peterson & 
Weldon by the process shown in the example in this chapter is presented at the end 

of this chapter. 
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There are various ways of getting a usable noise signal out once the sequence 
is generated. First the sequence could be used directly. An integrated (low-passed) 
version of the sequence could also be used. Standard D/A techniques could also be 
adapted to give a weighted output of the various stages. This could be set to give 
various amplitude distributions to the output and at an average amplitude level that 
is independent of clocking frequency. 


DESIGN DATA FOR PSEUDO-RANDOM SEQUENCE GENERATION 


nn 2-1 Feedback from Stages: 
2 3 Vie oe 
3 7 25 3 
4 iD 3, 4 
5 31 Crm, 
6 63 5, 6 
7 127 6, 7 [4, 7] 
8 255 24-35. Dy. 8 (5, 6, 7, 8) 
9 511 ee, 
10 1,023 7, 10 
11 2,047 Oy Ads 
12 4,095 6,.°05; di 12 [3, 9, 10, 12] 
13 8,191 95 10, 12, 23> (9, 11,°12% 13) 
14 16,383 4, 8, 13, 14 
15 32,767 14, 15 
16 65,535 4, 13, 15, 16 
17 131,071 14, 17 
18 262,143 11, 18 
19 524,287 Tash? 5. 185, 19 
20 1,048,575 17, 20 
21 2,097,151 19, 21 
22 4,194,303 as Se 
23 8,388,607 18, 23 
24 16,777,215 17, 22, 23, 24 (*19, 24) 
25 33,554,431 22525 
26 67,108,863 20, 24, 25, 26 (*21, 26) 
27 134,217,727 22, 25, 26, 27 (*19, 27) 
28 268,435,455 25, 28 
29 536,870,911 2h 29 
30 1,073,741,823 7, 28, 29, 30 (*23, 30) 
31 2,147,483,647 28, 31 
32 4,294,967,295 10, 30, 31, 32 
33 8,589,934,591 20, 33 
34 17,179,869,184 Ts, Bey. 335. 34 


NOTES: See note at bottom of page 5h (3). Data in () are from Lancaster. Data 
in [] indicates alternative feedback - many more are possible as well. The (%) 
indicates feedback suggested by Lancaster for non—-maximum sequences (less than 
1% short of maximum however) that require only one EX-OR gate. 
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CHAPTER 51 


MIXER AND MULTIPLE DESIGN 


CONTENTS 
Introduction 
Design and Placement of Multiples 


Design of Mixers 


INTRODUCTION 


Mixers and multiples in electronic music serve to aid patching as well as performing 
their mixing (summing) function. Multiples are just jacks tied together to serve as 
a common voltage point. Their design is more human engineering than electrical. 
Mixers for electronic music synthesizers are basically op-amp summers, and the design 
is concerned with human engineering of input and output structures. These mixers differ 
from the usual audio mixers in the following ways: 


1) They generally work with high level signals on the order of several volts 
rather than low level audio signals. 


2) The mixers are often used to handle slowly varying and DC voltages, not 
just audio frequencies. This implies the need for DC coupling. 


3) The mixers are often used for purposes other than mixing (e.g., in-line 
attenuation, inverting, signal distribution). 


Fortunately, the design of such a mixer is basically just a matter of employing an 
Op-amp summer 


DESIGN AND PLACEMENT OF MULTIPLES 


A multiple is nothing more than several jacks connected together to form a mixing 
point or a distribution point. The most popular multiple is the 
4-way as shown at the right. One 4-way multiple for every 20 
panel jacks is a reasonable estimate to start with. The 4-way (+ <o) 
can serve as a voltage distribution point if the distribution is 
from a low imped nce output to several high imped nce inputs. 
It can also serve as a mixer (equal level mix) for up to three (S <#) 
standard (1k) outputs to a high imped nce input. It can also be 
used to mix two outputs and distribute them to two inputs. The 
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various combinations are shown below; 


(oor loolke 4c 4 ik 100 ke 
4k Ac 100} 
4x AK 
K (ool 
(00}e 4 
DISTRIBUTE MIX MIX AND DISTRIBUTE 


Another use of a multiple is on an input (usually a control input) where two or three 
jacks may be connected together so that the voltage to the module can be routed to another 
location without unplugging the first and going through another multiple (saving one patch 
cord since one of the connections is permanently wired behind the panel). Another useful 
type of multiple is the switched 3-1 or the switched 3-3 shown 
at the right. The switch can be used to increase the fan-out 
of the multiple, but more importantly, the switch can serve as / 

Ite ° " ‘ ‘ , : 4 =—————@ 
an in-line switch where such a switch is handy in a given 


patch but is not required in a general setup. Switched 2-2 
multiples are a good choice in place of 4-way multiples if a 


small switch is used so that little additional panel space is 

required. Often, all the jacks of a multiple are located 

close together on the panel. It is not necessary that this 

be so in all cases. In fact, a strong case can be made for 

a multiple where inputs are widely separated and serve as sort of "trunk lines" to route 
Signals around behind the panel. Switches in the line can also be useful here. 


Some switches have a switching arrangement so that the switch is activated when a plug 
is inserted. These normally closed jacks are useful for a "patch over hard wire" system 
where a given patch is in effect until it is defeated by plugging in an overpatch. Such 
systems can lead to confusion unless carefully studied however. Some interesting multiples 
are possible with jacks having normally open switches where plugging on a plug expands the 
size of the multiple. You then have to skip a jack to start a new multiple. 


DESIGN OF MIXERS 


The basic mixer is the op-amp summing node structure. Since this is an inverting 
structure, it is generally useful to follow this with another inverting stage. This makes 
possible either an inverted or a non-inverted output. It will be shown that there is some 
advantage to using an externally compenstated op-amp here since it can be custom compensated 
for a faster slew rate. A basic mixer "frame" using the type 301 op-amp is shown below: 


SN4 look 1OOK 





Before considering the compensation of the op-amps, it is necessary to select input 
structures. The most basic is of course the standard 
attenuating pot. This can be used to feed a signal 


into either of the summing nodes. If fed into the IN 

second summing node the two outputs are not simple 

inversions as they are when the second node is left sv SW 
as is. Offset voltages can be fed in with a pot | 
connected across +15 and -15, and this can be very 7: ard 


useful when handling control voltages. However, the 
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DC offset should generally be removed with a switch to make sure it is really off when 
not wanted. A DC balance control may be put in as a trimmer to zero the DC level of 
the overall mixer if this is desired. 
WK 
Another interesting connection is the input to both 
summing nodes off opposite ends of the pot, inputting the shi 
signal on the wiper. The device as shown at the right 
gives the equivalent of a full signal into 100k when the Bo 
pot is in one extreme, and the full inverted signal with rr 
the wiper in the other extreme. With the wiper centered, 
both currents to the summing nodes balance and cancel out. 
Thus, it is possible to control the.signal from its full 
value to its inverted version with one control. 410 SNA 


Once all the input structures have been selected, the op-amp compensation can be 
determined and adjusted if necessary to obtain the necessary slew rate for the mixer. 
Note first that we are using unity gain circuitry with an inverting configuration. 

As was pointed out in the chapter on op-amps, this means that we can cut the compensat- 
ion capacitor in half due to the attenuation of the feedback stage (2:1) so we can 
make the capacitor 15 pf for just a start. Jung has further pointed out [Electronic 
Design 21 #20, Sept 27, 1973] that in the case of an inverting summer with unity gain 
for each input, all the inputs act as though they were in parallel as far as attenuat- 


ion of the output back to the - input is concerned. For example, if we have the 
circuit shown at the right, the compensation loo 1oole. 

can be cut to 1/5 of its unity gain value Ny 

(thus from 30 pf to 6 pf). This improves \ look 

the slew rate to over 2 volts/usec from the 2 

value of 0.5 volts/usec for a 30 pf capacitor. V3 haere 8 
This may well seem like getting something for 1 
nothing since this implies that even when we V (ooK 1. 

are not using an actual summer, we can just ; Gee 


Simulate extra inputs with a resistor from 

the summing node to ground. This is in fact true and can be used to increase the slew 
rate, but there is a price to pay. In the above example (or its simulated case with 
one 100k input and a 33k resistor from the - input to ground) the bandwidth is reduced 
from its unity gain value to a value appropriate for a gain of 5 (14db). This may not 
seem tooimportant since there is apparently a lot of extra bandwidth still above the 
audio range, but the important thing is that this 14db is subtracted from the loop gain 
of the amplifier and with this reduction goes a reduction of the performance parameters 
that benefit from excess loop gain. In short, it does not pay to push this thing too 
far - set the compensation for the maximum slew rate needed and not much higher. This 
reduction in performance can perhaps be understood by considering that the properties 
of the op-amp in this configuration depend on the - input being a virtual ground; it 

is at ground potential, but no current flows to it. As we add more resistors from 

the - input to ground (particularly resistors with values low relative to the feedback 
resistor as is suggested to get the compensation capacitor down), the - input starts 

to look more like a real ground, not a virtual one. 


We will not attempt here to give a design example of the type given in earlier 
chapters. This is because mixer design tends to be oriented toward individual needs, 
and here we will be showing a design that illustrates all the points brought out above. 
Thus, the example given here is one that you will probably want to cut down. The mixer 
has 4 non-inverting inputs, a DC balance and a DC level control. It has one inverting 
input and both inverting and non-inverting outputs. One dual polarity input control 
is also illustrated. Note that the pot in this case must really be 50k — you cannot 
scale all the resistors in this case to 100k. We have shown type 301 op-amps in this 


5i (3) 


design, and the compensation (8.2 pf) is smaller than the nominal inverting amplifier case 
of 15 pf. This is done for Al due to the increased feedback attenuation due to multiple 
inputs. Note that we must assume that the inputs may be unused with the pots set to the 
top, so these are 200k to ground, not 100k. The parallel combination of inputs is thus 
something on the order of 40k, so the attenuation is 40k/140k or about 0.29, so this says 
that the capacitor can be about 30°0.29 = 8.6 pf (thus we choose the standard value of 8.2 
pf). On the second op-amp, there are fewer multiple inputs so to be sure the total 
equivalent parallel resistance is smaller than 40k, we add a 39k resistor R' to ground. 
This allows the same compensation for A2. A similar resistor can be added to Al if the 
number of inputs is reduced in a given application. An op-amp such as the 556 could be 
used to obtain higher slew rate without these compensation tricks. In such a case, R' 
would not be used, and the compensation capacitors would not be present. With the circuit 
shown using the 301's, the slew rate is in excess of 1.5 volts/usec., which is more than 
enough for 20 kHz +10 volts sinewave inputs which require about 1.2 volts/usec. 
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INTRODUCTION 


Power supplies often seem like an imposition - most circuits need one, and they 
can be both bulky and expensive. Furthermore, once one is built, you still have to 
build something else to get something that does something interesting. A small device 
that you may want to carry around needs its own supply, and even if you have a central 
supply back in your lab with amps to spare, it won't help on the road. At some point, 
the user has to decide how he wants to physically locate supplies: one central supply 
or a supply in each piece of equipment. 


The basic procedure for power supply design is to first build an unregulated 
supply and then add a regulator. In general, we will find that it is quite easy to 
do both. The unregulated supply involves the selection of a transformer, a rectifier, 
and a filter capacitor. Integrated circuit voltage regulators are then applied 
to obtain the proper voltage from the unregulated supply. Usually, a few external 
capacitors are added to stabilize the regulator, and finally various protective devices 
such as current limiting and overvoltage protection can be added if these features are 
desired and are not available as part of the normal function of the IC regulator. The 
first step in the design is to determine the power requirements of the circuits to be 
powered. 
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DETERMINING POWER REQUIREMENTS 


The basic supply requirements are +15 volts bipolar for op-amps and other linear IC's, 
and +5 volts for TTL and other digital circuits. As CMOS digital IC's come into wider use, 
the +5 supply may not be needed, as CMOS can run on voltages from +3 to +18. Other supply 
voltages may be called for in some designs and must be considered carefully. Four points 
in this regard should be noted: (1) Power supplies for op-amps are sometimes indicated as 
+12 or +13, but most op-amps will work on +15. (2) Common positive voltages other than 
+15 and +5 are +9, +12, +18, and +24. Of these, +12 and +18 devices will often run on +15. 
The +12 and +9 voltages can also be supplied from +15 by using a Zener diode to drop the 
excess voltage. (3) A bipolar supply of +12 and -6 was used at one time but is now uncommon. 
(4) Most digital IC's will run on +5 volts (TTL, DTL, and CMOS). RTL will also work on 
+5, but it is a good idea to drop the +5 to about 3.8 volts by two series silicon diodes. 


Determining the required current is more difficult. Thus, it is necessary to make some 
rough estimates and then make sure there is plenty of extra available. Often times you 
will be adding on other circuits later anyway. Also, designing a regulator for more current 
than is usually drawn will assure that it will run cooler. With some devices, it is better 
to limit the current at just slightly more than the device requires when functioning properly. 
Any excess current will shut down the regulator. In most cases however, it is more convenient 
to just use a supply with current to spare. When estimating current needs, the following 
rules of thumb can be used: (1) Allow 2 ma for each op-amp and add to this the current 
corresponding to +15 volts through the resistance connected to the output of the op-amp (if 
any). For example, if there is a 4.7k load resistor on the op-amp, when the output is at 
either +15 or -15, about 3 ma will be delivered to the load. Add to this the 2 ma for the 


op-amp itself, and you get a total requirement of 5 ma. (2) For TTL, estimate 10 ma for 
each package of gates, and up to 60 ma for a more complicated TTL package. Consult data 
books or the TTL Cookbook if you need accurate figures. For slow speed (including audio), 


CMOS requires very little current and need not be considered. When it gets right down to 
selecting a regulator, often times the choice is between a low current version (around 100 
ma) and a high current version (around 1 amp). Careful consideration of the current 
requirements is therefore necessary only when the rough estimates come close to one of these 
limits. 


THE BASIC UNREGULATED SUPPLY 


As a first step, a transformer can be selected. The transformer should have a standard 
AC primary and the secondary voltage should be selected to be the same or slightly higher 
than the output voltage of the supply you are trying to design (e.g., an 18 volt transformer 
will work for al15v supply). The current rating of the secondary should be at least as high 
as the peak current of the supply. The transformer may also be one of twice the voltage 
with a center tap (e.g., a 12.6V transformer center tapped for a 5V supply). In fact, there 


are a couple of advantages to this as we shall see. We then proceed to set up an appropriate 
rectifier circuit using diodes. It is best here to use a full-wave rectifier, not a half- 
wave, as this will mean that we can use less filtering. There are two choices of full-wave 


rectifiers, depending on whether we have a center tapped transformer or not. 


—~ — 
Sneak 
+ v 


FULL-WAVE ''BRIDGE" RECTIFIER 7 CENTER TAPPED FULL-WAVE RECTIFIER 





Given the choice, the center tapped transformer method is preferred for several 
reasons: (1) It uses only two diodes (which is not to say the two diodes saved will 
Save you the possible expense of the center tapped transformer). (2) Since there is 
a voltage drop across any real diode, there is only one such drop for the center tapped 
transformer, two for the bridge rectifier case. (3) Since only half the transformer 
and only one diode are used at any one time, the current ratings of these two can be 
halved. (4) The setup is easily expanded to give the corresponding negative voltage 
for bipolar supplies as we shall see. 


What is the value of Vj¢a;? The first thing to realize is that the voltage 
rating of the transformer is the RMS value, so the actual AC voltage amplitude out is 
V2 = 1.414... times the RMS value. For example, a 6.3 volt filament transformer has 
an output amplitude of 8.9 volts. This voltage is applied across adiode to the 
capacitor C. The diode drop is often thought to be 0.6 volts for a silicon diode, 
but since the diode conducts heavily, it may effectively be higher. A good safe value 
is twice the standard or 1.2 volts. Next we observe that the transformer voltage 
charges the capacitor through the diode, and the capacitor voltage follows the trans- 
former voltage minus 1.2 volts as it rises. When the transformer voltage starts to 
fall, the diode is back biased and capacitor holds the highest positive value it had. 
Thus, we see that the peak voltage is: 


1.4 (Vig /2) -1.2 [center tapped transformer ] 


) —-2.4 [full wave bridge setup] 


1.47, 


S 





where Vem is the advertized transformer voltage, and 1.4 is taken as a close enough 
approximation to the square root of two. 


What diodes should be used? In most cases, a diode rated at one amp 100 volts 
will do (or a higher rating on one or both values). In the case of the center tapped 
transformer setup, 1/2 amp averages through each diode for a l amp supply. The reverse 
voltage rating of the diode (i.e., the advertized voltage rating) should be at least 
twice the value of V - Note that the maximum voltage across the diode occurs when 
are ; eak : . i : 
it is holding back V and the transformer voltage is at its negative maximum, and 
this adds up to abouk Ewice V kK For the highest supply voltages we are considering 
here (15 volts), the maximum ET Towable value of V is determined by the maximum 
allowable input voltage to the regulator. In mo F“Cases, this value for an IC regulator 
is 30 - 35 volts. Thus, the diodes should be rated at at least 70 volts, and 100 volts 
is better. The diodes should be mounted with short leads, but slightly away from any 
mounting surface. The short leads should conduct heat away from the diodes to a large 
metal tab on a PC board if possible as this will aid in cooling. 


How should the capacitor C be determined? First of all, the voltage rating 
should of course be greater than Vpeak- ‘Secondly, the capacitor should have a value 
as large as is necessary, but not much larger - contrary to the design of unregulated 
supplies where you usually make it as large as possible. In the case of a regulator, 
making the capacitor too large will just cause the regulator to run hotter and will 
not improve anything. To understand how to select the capacitor value, we have to 
consider how the transformer and diodes charge Capactler Volt age 
the capacitor, and what the capacitor voltage 
looks like when a current is being drawn. We , 
will find that it looks something like the 
diagram at the right. The transformer volt- 
age first charges the capacitor up during 
the first quarter of the AC cycle, and then 


te 











Wav 
drops out, leaving the capacitor to supply ns os . ~ Ae 
any current to the load. During the third s ee 
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quarter of the AC cycle, the transformer again charges the capacitor up to V oa Next 
recall that the charge on a capacitor is related to the capacitance and the Ponease by 
Q = C-V, and current is the time rate of change of charge; I = dQ/dt = C(dV/dt). This 
tells us that a constant current will discharge the capacitor along a straight line. 
We can now approximate the actual discharge Apprex 
as shown at the right, bearing in mind that \y 

, : A : pean > ‘ 
we are playing it safe since the capacitor . 
will actually start recharging before the 
actual 3/4 point. In IC regulators, there ‘aves 









is a minimum input voltage called the dropout 

voltage below which the output voltage of the 4/4 ayy 

regulator can not be maintained. The capacitor 

voltage must therefore remain above the dropout 

voltage at all times. The dropout voltage is typically 2 to 3 volts above the regulator's 
rated output voltage. We can now develop. a simple formula for the capacitor size. 


The linear discharge section in the diagram above runs from Vpeak to Vgrop in a time 
of 1/120 of a second. Thus we can set a value for the maximum allowable ripple voltage 


on the capacitor: V = V - V ‘ This value V is taken to be AV while the time 
ra peak drop ra 


of 1/120 of a second is taken to be AT. Since we are using an approximation that is a 
linear discharge, we can replace the differentials in I = C(dV/dt) by AV and AT and arrive 
at the equation solved for C as: 





where: I is the maximum current to be drawn 
=~ V ~ (V : + 3) 


Veal is given on page 5j (3) 
EXAMPLES: Suppose you want to make a 1 amp 5 volt supply using the LM309 or a 7800 series 
regulator and a 12.6 volt filament transformer that is center tapped. The peak voltage 
on the capacitor is (6.3-1.414) -1.2 or 7.7 volts. The 5 volt regulator needs 2 volts 
above the output or 7 volts minimum. This gives an allowable ripple of only 0.7 volts. 
For a one amp output, the capacitor is C = 1/(120-0.7) or about 12,000 mfd. This is a 
rather large capacitor, but the supply is useful for several reasons: (1) It is often 
used as a test bench supply and the current required is well under the maximum. (2) The 
design was on the conservative side and there may be more peak voltage available, and 
(3) Having such a low peak voltage means that the supply runs with very low heat dissipat- 
ion and runs very cool. 

In this case, we might have considered the full wave bridge. This would have given 
a peak voltage of (12.6°1.414) -2.4 or about 15.4 volts. The allowable ripple is then 
15.4 -7 = 8.4 volts. Thus, C = 1/(120-8.4) or about 1000 mfd. Here, the capacitor is 
much smaller, but the regulator will run hotter. 


For a bipolar supply, the setup below is used: 


— 





9j (4) 


The following points about the bipolar supply should be noted: (1) If we remove the 
ground connections, this is just a full wave bridge rectifier. (2) It is also really 
a double sided center tapped transformer setup as well. Two diodes and one capacitor 
have been added to use the negative transformer voltages as well. We have added just 
what we would have used in the first place if we wanted a negative supply. (3) The 
current rating of the transformer must be the same as the output current rating of 
either polarity, not half the output current rating as would be the case if single 
polarity supply were used alone. Other calculations remain the same as though the 
supplies were separate. 


BASIC CONSIDERATIONS FOR REGULATORS 


The simplest sort of regulator that can be used is the Zener diede regulator. 
This can often be used to derive a lower voltage from a standard supply when some odd 
voltage value is needed. The basic Zener diode 
regulator is shown at the right. The Zener diode \we 
can be thought of as drawing whatever current is 
necessary so that the excess voltage from the 
primary source is dropped to the Zener voltage 
across Ry. If part of the dropping current is 
drawn by the load, the Zener draws less. Note 
that the Zener must be prepared to dissipate the 
full power V,-I where V, is the Zener diode voltage, and I is the current through 
Ri, which is (Vi n-Vz)/R3- If the primary voltage source is a regulated supply, 
there is no need for further regulation, and the Zener diode can be used in series 
to drop the voltage. It will then dissipate only V,-I,;,, where I; is the actual load 
current being drawn. 





Most IC regulators are either three terminal devices or three terminal devices 
with extra terminals for special functions. The three terminals are quite simply: 


input, output, and ground. The basic idea is 

to apply an input voltage which is above the aN OUT 
dropout of the regulator, and below the maximum 

allowable input voltage. The output is then the 

rated output of the regulator. A simple model = 


for the three terminal regulator is that of a 
series resistor which has a value determined by 
the output voltage. Note an important fact 
that is implied by this model: the regulator 
must dissipate the excess power that is not 


delivered by the load. On the other hand, there 7 ° 
is no substantial standby current drawn, so for V 

low current requirements, the regulator has very Medel 

little power to dissipate. In this sense, the — 


IC regulator is more like the series Zener regulator 
than the shunt regulator. For low currents, the input ripple is small, and the power 
dissipated by the regulator is essentially (Vin-Vour) “IL: 


However, we discussed earlier the fact that the actual Vp ect. 

input voltage in a proper design has a waveform something _ — 

like the one shown at the right. This means that the | 

average power dissipated is more like one-half of the a V — 
drop 

larger value. In any case, except for currents that 


are on the order of 10% of the rated value, the IC 

regulator should have proper heat sinking. It will be found that most positive reg- 
ulators are fairly easy to heat sink since the mounting surface is electrically 
common with ground. Thus, they can be mounted in contact with chassis ground. 
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Regulators for negative voltages on the other hand generally do not have the mounting 
surface common to ground, and it is necessary to provide electrical insulation for the 
regulator, or to electrically insulate the heat sink. The IC regulators are often able 
to sense their own temperature and shut themselves down if they get too hot. In 
operation, it is possible to cautiously place a finger on the regulator to see if it is 
getting too hot. If you can hold your finger on it, it is probably okay. 


IC regulators need some sort of compensation capacitors to keep them from having 
stability problems. In general, it is necessary to look at the literature on the 
regulator you are using to find out what type of capacitor is used, how big, and where it 
is placed. What seems to be most common is a capacitor on the input terminal to ground 
to be used if the regulator is mounted an "appreciable distance" from the capacitors in 
the unregulated supply. Since the term "appreciable distance" can refer to anything, 
you had probably better put them in to be safe. In the regulator circuits that we will 
be showing, these are generally put in. These are in parallel with the filter capacitors 
that follow the rectifier, and it is often confusing to beginners to see something like 
a 0.1 mfd capacitor in parallel with a 5000 mfd capacitor on a schematic diagram. The 
important thing is the physical placement of the smaller capacitor. These smaller cap- 
acitors are on the regulator terminals, and it is important that they are in fact mounted 
on the terminals and go to a solid ground with short leads. While these capacitors may 
not seem necessary when the power supply is first tested, they may be needed when it is 
put on the actual load. The same general thing can be said about capacitors on the out- 
put. These are often specified as not being necessary for stability but do improve the 
transient response. In general, these are a good idea. Some regulators have an upper 
limit specified for this capacitor; the idea being that the capacitor may draw too much 
current when first turned on and put the regulator right into current limit. However, 
many designs are used successfully with much larger capacitors, and in any case, there is 
often a fairly large accumulated capacitance on the output due to proper supply bypassing 
down the line. Many of the stabilizing capacitors are specified as being Tantalum 
electrolytics because they have a power factor more favorable for suppressing RF insta- 
bilities. Tantalum capacitors are expensive and somewhat hard to get. However, they 
should be used where they are specified so it is a good idea to get a few surplus capacitors 
to have on hand for power supplies. If you don't have the tantalum, try a normal 
electrolytic in parallel with a 0.1 mfd ceramic capacitor. 


IC regulators come in three types: positive regulators, negative regulators, and 
tracking regulators (positive and negative). These types can be used with external pass 
transistors to increase their current output. A bipolar supply can be made in several 
ways. The simplest way conceptually is to make two identical supplies, ground the 
negative terminal of the first, and the positive 
terminal of the second. In this case, it is 
necessary that the two supplies have no electrical 
points in common until the output stage. This 
means that the two supplies either have to have their 
own transformers, or separate windings on the 
same transformer. A center tapped transformer 
will not work. The second method is to use the 
center tapped transformer to form a bipolar un- 
regulated supply, and then to use a positive 
regulator for one polarity, and a negative regulator 
for the other side. Alternatively, the unregulated 
bipolar supply can be input into a tracking 
regulator. 





Utmost care should be used to connect regulators carefully. The pin connections 
can be confusing. If you test the unregulated supply first (as you should), be sure to 
discharge the filter capacitors before connecting the regulator to avoid costly errors. 
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INTEGRATED CIRCUIT REGULATOR CIRCUITS 


5 VOLT SUPPLIES: Five volt supplies are fairly simple to construct using either the 
LM309K regulator or the type 7805. The circuits are shown below. If only about 
100 ma or less is needed, the LM309H can be used in place of the LM309K. 










3 
+94 +e +30 
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Tep 
‘32 a 4mod 
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Back Surface : Fairchild Applications 
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+15 VOLT, LOW CURRENT SUPPLIES: The type 723 regulator has been a favorite for 
some time. A basic +15 volt regulator is shown below good to 100 ma. Two of 


these can be used in the manner described on page 5j (6) to give a +15 volt 
supply. 
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A tracking regulator can make a simple bipolar supply for low current 
requirements. Shown below are circuits using the MC1568 for a 50 ma supply and 
one using the Raytheon 4195 for a 100 ma supply. 





+20 +e 425 sl . i 
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+15 VOLT, HIGH CURRENT REGULATORS: 


eed 


When more current is needed, pass transistors can be added to the tracking regulators 





or three terminal positive and negative regulators can be used. The basic choices for 
the three terminal regulators are the type 340 and 320 combination, or the type 7/7815 and 
7915 combination. The regulator circuits are shown below. 
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For higher currents, pass transistors can be added to the three terminal regulators, 
or to the tracking regulators. A circuit good to 1.5 amps is shown below. A similar 
circuit for a 2.5 amp supply can be found in the Raytheon applications notes on the 
type 4195 regulator. 
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PROTECTIVE CIRCUITS 


Motorola Applications 


Circuits using IC regulators are often protected fairly well by the regulators 
themselves. The following comments should prove useful to those who need additional 
protection. 


FUSE RATING: The overall supply should be fused at the AC power line. The value 
of the fuse is determined by power drawn, not current drawn from the supply. For 
example, a bipolar 15 volts supply at one amp delivers up to 30 watts, but the total 
power must also include the power dissipated in the regulator. If the Vpeak value used is 
22 volts for example, the power is 44 watts. Allowing for transformer and diode losses, 
probably about 60 watts is drawn from the AC line. This corresponds to about 1/2 amp, 
so the proper fuse value would be 3/4 amp or 1 amp of the slow-blow type. 


CURRENT LIMITING: Current limiting is the maximum current that the regulator will 
pass before shutting down. This may be a built in feature of some regulators. Tracking 
regulators and some others have a current sense terminal. The output current is passed 
through a small value resistor (less than 1 ohm in many cases). When the voltage drop 
across this resistor approaches 0.6 volts (or lower if the chip is hot) a blocking tran- 
sistor is activated to limit the current. The current sensing resistor is thus determined 
by something like 0.6/I j 

max 

FOLDBACK CURRENT LIMITING: This is similar to current limiting, but here when the 
limit is reached (or if a short circuit reduces output voltage to zero), the current is 
cut back to less than the value it would deliver under a normal load. 


THERMAL SHUTDOWN: Most of the newer regulators have the ability to sense their own 
temperature and shut down if they get too hot. The currents corresponding to this shut-— 
down will depend on the heat sinking of the regulator. . 


CROWBARS : The above features are mainly to protect the regulators, make them blow- 
out proof, and indirectly to protect the attached circuit as well. A crowbar is a 
device added to the output to protect the attached circuitry from overvoltage. As soon 
as an overvoltage appears, the load current is shorted to ground by a SCR, holding the 
voltage to a very low value and either blowing the fuse or putting the regulator into a 
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shutdown mode. Overvoltage could occur if the regulator failed and the unregulated 
voltage reached the output line. A far greater danger occurs when a 5 volt line is in 

the same circuit with a +15 volt line. With any amount of breadboarding at all, it is only 
a matter of time before the experimenter will short the two accidently and possibly destroy 
any TTL devices in the circuit. Thus, it certainly makes sense to add a crowbar to the 

5 volt line. A suitable crowbar circuit is shown below and is recommended for any bench 
supply and for other supplies connected to expensive equipment. For a bench supply, it is 
very useful to have LED indicators to show when a supply is not putting out voltage as 

this may indicate that the crowbar has fired. 







+5 from regulator +5 to circuits 


aed SCR of sufficient 


amperage (Heat 
sink desirable) 
1k 
[D. Rossum, EN#35] 


The crowbar circuit can be tested by touching +15 to +5 with no other circuitry attached to 
the supply. The SCR should fire and remain on even when the +15 is removed. To turn it 
off, turn the power off. It is also a good idea to see if the crowbar is triggered by any 
transients such as switches in the equipment or other power line switches nearby. If it is, 
it may be necessary to increase the Zener diode to 5.2 volts and/or add a bypass capacitor 
(start with 0.1 mfd) to the 5 volt line at the junction of this line and the Zener diode. 


If the attached equipment is very valuable, it is perhaps a good idea to take the follow- 
ing steps in designing and installing a supply. (1) Use only factory first regulators, not 
surplus devices. (2) Stay well away from the maximum value for V,,,;, and draw less current 
than the rated amount. (3) On first installation, add diodes to the supply lines at the 
input of the equipment to prevent damage from accidental supply reversal. This is important 
if the supply is often attached and detached. In a final installation, the diodes can be 
removed. (4) A crowbar can be added to the 15 volt lines as well as the +5. A crowbar 
of this type is shown below: 


To protect the -15 volt supply line, 
connect the +15 side of the circuit 
to ground, and the ground side to 
the -15 supply line. 


[D. Rossum, EN#45] 
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CHAPTER 6A 


FREQUENCY SHIFTER DESIGN 


CONTENTS: 
Introduction 
Methods of Frequency Shifting 


The Double Heterodyning Method 
The Phase Shift Method 
Methods of Providing the Quadrature Signal 


Reprint of "Design of 90° Phase Difference 
Networks and application to 
Frequency Shifter Design:"” (EN#43) 


Calculation of Poles of 90°PDN by Weaver's Method 


Determining the Required Accuracy 


INTRODUCTION: 


The terms "frequency shifter" and "spectrum shifter" are used for the same 
devices. To be exact, it would probably be better here to call them spectrum 
shifters, because they do shift the entire spectrum, be it a complex set of 
Spectra components or just a single frequency. 


It should be realized that a frequency shifter or a spectrum shifter are 
not devices that transpose a frequency up or down by a preset musical interval. 
Rather, they shift each spectral component by the same number of Hertz. This 
will in general mean a drastic change in tone color. For example, if a sawtooth 
-wave is shifted up by 50 Hz, and its frequency to start with is 200 Hz, then 
the components in the original sawtooth: 





200 Hz, 400 Hz, 600 Hz, 800 Hz, 
will be shifted to: 


250 Hz, 450 Hz, 650 Hz, 350:.HzZ., 
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This means that the components are shifted from their positions as integer 
harmonics to non-harmonic ratios. This is useful for producing some different 
tone colors, but there are easier ways than spectral shifting (e.g., balanced 
modulation) to produce this general type of sound. The value of a spectrum 
shifter lies more in the processing of real (live) sounds with which the listener 
can easily relate, since he knows how the live sound sounds unaltered. There are 
also numerous other applications where the spectrum shifter is a part of another 
more general device or patch. 


METHODS OF FREQUENCY SHIFTING: 


The Double HeterodyningMethod: Frequency shifting is the exact same process 
as radio single-sideband modulation. The difference in the audio case lies 
mainly in the fact that the two signal frequencies are on the same order of 
magnitude. One method of frequency shifting is very similar to radio single 
sideband. In the radio case, the program material and the RF signal interact 
in what is called a "mixer," and this results in the sum and difference frequencies 
being produced. Thus, we know that the use of the term "mixer'' in the radio case 
is different from the electronic music case, since our mixers are linear, and we 
do not want one to produce sum and difference frequencies. What is really being 
considered is some sort of non-linear element, and it is the square term in the 
polynomial representation of the non-linear curve that is useful. For electronic 
music, we simply use an analog multiplier directly. In fact, the analog multiplier 
(balanced modulator) is the basis of most frequency shifting schemes. We can take 
a look at the multiplier and its equations for reference in the discussion to follow: 


(1/2) [Cos(x-y) - Cos(x+y) ] 


Sinx-+ Siny 


> 4 Cos x+- Cos y 


Sin x «Cos y 


(1/2) [Cos(x+y) + Cos(x-y) ] 


(1/2) [Sin(xt+y) + Sin(x-y) ] 


I 


In the double heterodyning method, the signal to be shifted is multiplied 
with anultrasonic signal. This produces sum and difference frequencies that 
are both ultrasonic. Next, one of the sidebands is filtered out. Finally, 
the remaining sideband is multiplied with another ultrasonic oscillator, and 
this produces two more sidebands, one which is shifted way up higher into the 
ultrasonic, and the other may well end up in the audible range. The general 
setup is shown below. For simplicity, only the frequencies are shown on the 
diagram, all the waveforms are assumed to be sines: 


Ultrasonic Osc #2 





Ultrasonic Osc #1 
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Note that the frequency shift can be either up or down, depending on the frequency 
difference (w 4 =U) »)° A major limitation of the method is that the lower limits 
on the shift oae are by the sharpness of the low-pass filter and the degree 
of unwanted sideband feedthrough that can be tolerated. 


The Phase Shift Method: The phase shift method is based on the use of two 
multipliers, quadrature signals, and two summers. The scheme is shown below: 


(1/2) [Cos(u., —W) )t ~ Cos(u, +wu) ,t! 


Program Sin mp t 
In 
>< Coss —) 3t 
Sin w t 
S Cos(w tw )t 
p s 
[Up ] 
Cos wt 
S 


(1/2) [Cos(w tw )t+Cos(w -w )t] 
Quadrature Signals BP. Pp s 


An important part of the design is the 90° Phase Difference Network (90°PDN) and 
a good deal of discussion will be given to these networks. This will be shown 
in the reprint article that follows, and additional discussion will follow that. 
What we want to discuss first is the method of providing the quadrature shifting 
signals (Sin wt and Cos wt). 


Methods of Providing a Quadrature Signal: The various methods of providing 
the quadrature signal that we want to discuss are: 


1. A quadrature oscillator. 
2. A sinewave oscillator with a 90°PDN. 
3. The heterodyning method. 


There are several methods of designing a quadrature oscillator. A method 
based on a voltage-controlled four-pole network is discussed in the chapter on 
VCF design. This is a useful approach as it can be used as a VC Low-pass filter 
when not used as a quadrature oscillator. The frequency shift is just the range 
of the quadrature oscillator,:and can be made very small with proper design of 
the oscillator. 
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In the second method, a 90°PDN is used to provide the the quadrature signals. 
The range of useful operation is defined by the overlap of the oscillator range 
and the bandwidth of the 90°PDN. Extension of this to very low frequencies is 
difficult due to the size of the capacitors in the phase shifter. In favor of 
this method, we can see that any available sinewave oscillator can be used, and 
inputs other than sinewaves can be used for the shifting signal resulting in 
complex shifting patterns. 


A third method has been described by Bode and Moog ["A High-Accuracy Freq- 
uency Shifter for Professional Audio Applications,'' JAES 20 No. 6, (1972)]. 
This method allows the shifting of frequency through zero shift. [Any of the 
above methods permits the shifting of the downshifted signal 1 through zero frequency 
and back up again.] This frequency shifter can thus serve as a frequency modulator 
by shifting the input signal about its original frequency. Also, shifts very close 
to zero can be obtained without going near to the limits of the shifting oscillator 
since zero shift is just a frequency in the middle of the shifting oscillator's 











range. The basic scheme is shown below: 
Sin W ts 
Low-Pass 
_ (20 KHz) 90° (10 KHz) 
90° 
Low—Pass 
Cos W t (10 KHz) 
Sin wt 
O 


(15 KHz - 25 KHz) 


The actual device used by Bode and Moog had a low-pass filter on the reference 
oscillator, and a squelch circuit that passed the reference signal only when there 
was an input to the program inputs of the basic scheme. Two further points should 
be made: [1] The 90°PDN for this application needs only one pole, and need not be 

a wide band network, since it works at only one frequency (w_). [2] The two low- 
pass filters at w _/2 should be identical, otherwise they may create a phase 
difference that messes up the phase properties created by the multipliers. 


In the above scheme: Ww is a reference frequency on the order of 20 KHz. 


w is a frequency input as a sine wave in the range of 
15 KHz to 25 KHz. 


The two equations for the multipliers are thus: 


Sin(w t)*Sin(w t) (1/2) [Cos(w -w)t _ Cos(w tut] 


sean ; " a SE 2 t 
Cos(w_t) Sin(w t) (1/2) [Sinfw_ wt Sin(w, w. ] 

The frequency u) Fw is thus in the range of 35 KHz to 45 KHz. The frequency 
WW, is thus in the range of 5 KHz to -5 KHz. We shall call WW, by o and 
shall consider the significance of a negative value of We shortly. First, we 


note that with the 10 KHz low-pass filters, the two outputs of the filters 
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are (since the w tw, term is blocked): 
Cos w t 
S 
90° 
-Sin w t t 
S 


When W < 0, the outputs of the filters become: 
Cos (wt) 
i 90° 
Sin(w_t) 


Thus, when we return to the original phase shift scheme, and apply this quadrature 
signal, the multiplier that gets the two sines has the equation: 


Cos(-w t) 
Ss 


-Sin(-w t) 
S 


Sin w t°(-Sin w t) in the case w_ > 0 
p Ss Ss 


and Sin iy eekoan wt) in the case We < 0 


The net effect of the negative values of w_ is to change the polarity at the 
output of one of the multipliers in the basic phase shift scheme, and this changes 
the functions of the two summers so that the upshift and the downshift appear at 
the outputs of different summers. This means that looking at the output of any 
one summer as w_ goes through zero, the output changes from an upshift to a down- 
shift or vise versa. The overall shifting result for either the quadrature 
oscillator (or 90°PDN) method of providing the quadrature signal, or the hetro- 
dyning method is illustrated below. The principal differences to note are: 


[1] The heterodyning method can easily reach zero shift. 
[2] The shifting can go either direction, and thus the same 
output can shift through zero shift. 


Frequency at 


Outputs FREQUENCY SHIFTER OUTPUTS 
: Epensee Caren FOR PHASE SHIFT METHOD 
WITH QUADRATURE OSCILLATOR 
OR 90°PDN METHODS OF 
PROVIDING w_ 


Zero Shift Line 


oem meme a See ewe elo ek Se lll e_ES- ll Dll Sl OC 


Downshift Output 


Shifting Frequency 
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Se 
Frequency at FREQUENCY SHIFTER OUTPUTS 
Outputs Output 1 Output 2 FOR PHASE SHIFT METHOD 
WITH BODE-MOOG METHOD OF 
PROVIDING We 
&) = _ —_ = a 4}4ji«=e «m= «== j«=—- «me — oue cod —_ —_— —_— =e 
2 
rn) 
O 
HETERODYNING METHOD Yr 
Reprint: "Design of 90° Phase Difference Networks and Application to 


Frequency Shifter Design," by Bernie Hutchins, reprinted 
from EN#43 


| “Most people who built the "Poor Man's Frequency Shifter" in EN#15 found the 
biggest problem to be the errors in the quadrature oscillator which was unstable. 
With the development of the new quadrature oscillator in ENA, it is appropriate 
to look at the frequency shifter againe This time, we will find it is the 90° 
phase difference network (90°PDN) that must be improved. 

It is important first of all to understand that a 90°PDN is not a 90° phase 
shifter, as 90° phase shifters are restricted to a single frequency of operation 
and we would like to operate over a wide bandwidth. The only phase shifter that 
gives the same phase shift over all frequencies is the trivial case of the 180° 
phase shifter, ieee, the invertere The 90°PDN is a device which (for an input 
frequency component f in a bandwidth Fy, to Fy) gives two outputs such that the phase 
shift of one will be ¢, and the phase shift of the other will be ¢ + 90° 28, where 
§ is an error term whose maximum value is€. Typically, ¢ will be several hundred 
degrees or more, and € will be from 1° to 5°. The potential bandwidth (Fy - FL) and 
accuracy (small €) are traded off against each other, and if either or both must be 
improved, the 9O0°PDN must have more poles. 

We can now immediately jump into the fire by starting with the inverter circuit 
and ask if there is any way to combine the 0° signal (input) and the 180° signal (out- 
put) to get an intermediate phase shift. At the same time, we don't want any network 
attenuation that depends on frequency (we don't want any filtering). Combining the 
0° and 180° signals with resistors won't work as we 
would just get signal cancellation and no new phase 
shifts. Inductors are out, as they always are at 
audio frequencies, due to size and weight. Thus 
we try something with capacitors such as shown in lm Tape Buffer 
Fige 1. At low frequencies, the capacitor is = Fig. 1 
effectively out of the circuit, and the 0° signal is fed through R to the buffer to 
give 0° phase shift out. At high frequencies, the capacitor is a low reactance path, 
and the resistor is effectively out of the circuit. What. about inbetween frequencies? 
Well, recall that the current into a capacitor always leads the voltage across it by 
90°. Also, since this is a series RC circuit, the current in both R and C must ve the 
Same. Furthermore, the current through a resistor is always in phase with the voltage 
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Out 


across it. At this point, the so called "Phasor” diagram 
becomes useful. The phasor diagram is one in which the 
magnitudes of voltages, currents, and impedances are 
indicated by the length of a vector, and relative phases 
are indicated by angular orientation. For the RC series 
circuit, the phasor diagram is shown in Fig. 2. Also, since this is a series circuit, 
the two voltages Ve and Vp must add (vectorially) to the applied voltage, which in 

Fige 1 is 2V4n (connected between #Vy,, and -Vy,). This is shown in Fig. 3, and in 

Fig. 4, we flip the phasor diagram around a little to show the corresponding situation. 


V 
Vin Vie 











‘Ro Fig. & 






Vout 
al aa (Referenced ae paee VR 
: = to ground ) C nays 


P 90°. The angle 
between Vi, and 
Vout is 8 


Vout thus follows the are of a circle as frequency changes, due to the change 
in Vg» Thus, the phase shift depends on frequency, or you can see that changing R 
or C will change the phase shift for a fixed frequency. Sia 
This basic circuit is often referred to as the "classical" Fig, 5 
phase shift circuit. Another popular version of this 
same circuit is shown in Fig. 5, where a single high In 
gain transistor serves to provide a buffered input, and 
to give both an inverted and a non-inverted signal. -yV 

In addition, the phasor diagram shows that the magnitude of the output voltage 
is a constant, a fact that you can easily see by applying a little geometry and 
requiring that the angle between Vp and V, be 90°. | 

The s-plane analysis (See EN##1, Sect. 3) is also useful here, and is often used 
with this type of network. We just treat the capacitive reactance as a "resistor" of 
value 1/sC. Requiring that the current in the series elements be the same, we get: 

in 


r= 2¥ _ _2 Vin sC 
R R ¢ isc 1 + SCR 
/ Vv. Vout = Vin - IR Vin (1-sCR)/(1+sCR) 


out : 


—o" T(s) = Vout/Vin = (1 - sCR)/(1 + sCR) 


Figs 3 7 “Vin 






Out 


The pole of T(s) occurs at s = -1/RC, as the denominator goes to zero for this value. 
At the pole, the capacitive reactance has magnitude 1/sc = Re Thus, the magnitudes 
of Vp and V, are the same, and we can see from the phasor diagram that the angle of 
Voyt becomes 90°. Thus, the section has a phase shift of 90° when the input frequency 
is the pole frequency, i.e., when 21vf = 1/RC. 

A network with a transfer function of the form (1 - sCR)/(1 « sCR), or the 
product of two or more such terms, is called an "All Pass" network. This is because 
of its transfer function along the positive imaginary axis (the frequency response ) 
which is: rT 
t(j) = [(1-jcocr)+(14j@CR)/(1+jeoCR)e(1-jwcr)| 2 = 1 
The transfer function is thus unity, independent of frequency, and passes all frequencies 
without attenuation. Were it not for the fact that we are interested in the phase 
properties of the network, a simple piece of wire would have sufficed to this points 

= | 9° 






frequency ~> 
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We have argued that the phase changes from 0° at the lower frequencies to 180° at 
higher frequencies, but what about the general solution? Again we resort to the 
phasor diagram. From Fig. 7, we can see that Tan (6/2) = VR/Vo, which in turn gives: 


@ = 2 Arctan (1R)/(I-,) = 2 Arctan (sCR) 
thus the phase varies as the Arctan as indicated in Fig. 8. 


Next, we can consider obtaining additional phase shifts beyond 180° by cascading 
additional sections. We might get something by cascading two sections (Fig. 9) that 
would look like Fig. 10, but if we are clever enough we may be able to get one phase 
roll-off to join with the next to give a relatively smooth shift (Fig. 11). 

lok lok lok. lom Fige 10 Fig. ll 








R\ R 
Fig. 9 . 
This tells us how to make a single network (composed of cascaded sections) have 
a smooth phase changee If we add a second network, like the first, but with poles 
in displaced positions, we can make this lag the other by any angle, which may be 90°. 
such a situation is shown in Fig. 12, where the two networks are called A. and B. The 
diagram is exaggerated to show the meaning of the various terms we used above. The 
appropriateness of the terminology 'Phase Difference Network" should be clear. 


U 





Frequency —> 


%-eE 
, 90x ; Fig. 12 
N B 

g ENE _ the angle ¢ is the sum 
Y Network A“ vere of the @ angles of the 

‘ i individual sections 

$ 

- ~ —_ —_ -_ | = — — —_ anand = 
Fy Fi, 


The procedure is then to determine the pole positions so that the phase difference 
function ripples about 90° in a prescribed bandwidth. The theory here is quite involved 
and is neither necessary for understanding and successful design, nor particularly 
illuminating, so unless you have a fancy for such things as Cauer functions, elliptic 
functions, conformal transformations, and the like, you will probably prefer simple 
design tables. The full theory is available elsewhere*’%4 and we will make use of 
the design procedure of Weaver*to determine pole locations. Another method of determining 
pole locations is given by Albersheim and Shirley’. The specific network we shall use 
as a design example is perhaps more complex than is necessary for this application, as 
it was originally designed and built for a test of the method rather than for the actual 
frequency shifter. Alternative design tables are given in Appendix A for those who 
feel that relaxed specifications will suffice. 


DESIGN EXAMPLE: Suppose we want to cover a band from 15 Hz to 15 kHz with a 
maximum phase error (assuming zero component tolerance) of 0.29. When we build with 
real components, we will of course obtain more error. For this ratio of FH/FL (100031) 
a design graph® tells us that we need a total of 12 poles, 6 for Network A and 6 for B. 
We follow steps 1 to 4 of Weaver's method to arrive at pole positions, and this is all 
we need. These normalized poles are given in Table 1 below, and are in terms of FL, so 
we multiply them by F;, (15 Hz) to get the actual pole frequencies. Next, since the 
poles of the network we want to use are at s = -1/RC, we take Zwf = 1/RC to solve for 
the RC time constants of the pole frequencies. Finally, select a convenient value for 
C (i.e., what's on the shelf) and solve for the corresponding Re. Since this R must 
supply bias current to the op-amp buffer, it is well to keep ReIpiasc usual voltage 
levels handled. Values under 100k should be fine in most caseS. 
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TABLE 1: Parameters of 12 Pole 90° Phase Difference Network 3 


F, 215 Fy 225,000 Phase Error approximately 0.2° 


Normalized Pole Pole Freq. RC Chosen C (mfd ) R (k ohms 
sk 8 


Network A3 ©3609 541 2.94 x 107% ot? 
207412 BL.1 3.87 x 107° 47 8.24 
11.1573 167 9.51 x 10°" «O47 20.3 
by.7581 671 2.37 x 10°" » 0082 28.9 
17926242 2694 5.91 x 107° ©0082 7.20 
798.4578 11977 1.33 x 10° - 0082 1.62 
Network B: 1.2524 18.8 8.47 x 107° 7 18.0 
505671 B35 1.91 x 10° » O47 40.6 
2263423 355 4.75 x 107. » 0082 57.9 
89.6271 134 1.18 x 10°" 0082 14.4 
364.7914 5472 2.91 x 107° . 0082 3055 
2770-1114 41552 3.83 x 107° 0082 467 
Input ‘eee (7 ee, eee, ee ae SR ot ee 


c=.47 | c=.047 | C=.0082; C=.0082; C=.0082 bs 


} : 
__ Network A | 
rs Network B- 4) ~~ 77,7777 74 






/ 
eis ets, tk \ | | | 
| — —/ R*H0.6k, R=57.9k, R=14.4k R=3.55k Re467 be 
Fig. 3 ee Za t C=.047 ti ee C=.0082, C= .0082 C=. 0082 
ou C=.47 os ' 


FINE TUNING: When first assembling the design example, the closest 5% resistors 
can be used, with fine tuning to come later. As you probably know, an oscilloscope 
can be used to display phase angles by applying one signal to the X input, and the 
other signal of the same frequency, but different phase, to the Y input. This method 
forms elementary "Lissajous" figures of the types shown in Fig. 14: 


t 
~ : CY) <3 A) 
| 
0° 3° 


90° 135° 180° 

While the circular pattern (90°) is a good rapid check for basic operation of the 
overall network (Fig. 15), the eye is not accurate enough to judge minor variations 
in the circle. For fine tuning, it is better to use the quadrature oscillator (Q0) 
and the fact that the phase shift of any section is 90° at its pole frequency. This 
allows the use of a straight line pattern (0°) as a tuning indicator by use of the 
hookup of Fige 16. 











Example, test of section 3 
of the B Network 
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The sine signal from the QO is fed to the 90°PDN.- The signal from the input buffer 
ig then jumpered to the input of the output buffer of the stage pr eceding the one 
under test. The 90 is then set. to the pole frequency and the R value is adjusted 
for the in-phase (0°) straight line pattern. If you have a shoe box full of excess 
trim pots, you may want to use them for making this adjustment, but usually, given 
a little time and patience, an extra series or parallel resistor will be the most 
that you will need. Keep this in mind when designing a circuit board. 


THE FREQUENCY SHIFTER: Now, if you have the QO and the 90°PDN operational, you 
need only two balanced modulators (multipliers) and a couple more op-amps to complete 
the frequency shifter. We have carried multiplier circuits many times in the past, 
but for the sake of completeness, we will show the multiplier circuit used below: 


~(5 


+15 | Allignment 
6.8K 27K oie Connect signal to Y and adjust Tp-l 


for no signal out. Remove from Y. 
Connect signal to X and adjust Tp-2 

for no signal out. Remove from X. 
Adjust Tp-3 for a zero volt DC level. 


Note the use of AC coupling on the 
inputs in this case. This is a 
good idea with all balanced 
modulator inputs which handle only 
AC, as any DC componet will cause 

= * the carrier to feed through. 


The frequency shifter design is based on one part of the more sophisticated 
design of Bode and Moog® using the trig identities (balanced modulator equations): 





cos x ¢ cos y = $[cos(xty) + cos(x-y)] 
sinx « sin y =-$[cos(xty) - cos (x-y )] 


These are applied such that sin x and cos x are the outputs of the QO, and sin y and 
cos y are the outputs of any Fourier component of the signal applied to the 90°PDN. 
The two sines are applied to one multiplier, and the two cosines to the second multi- 
plier. The sum and difference of these multiplier outputs then give downshifted and 
upshifted signals respectively. Reversing the multiplier connections (i.e., 

sin x * cos y and cos x e sin y) reverses the upshift and downshift outputs, but in 
either case, both an upshift and a downshift are available simultaneously. The 
complete frequency shifter is shown in Fig. 18: 


- $[cos(xey )-cos (x-y JJ. = foe RK 


Fig. 18 siaenan tan 
= L 

) sin x ! | ' 5 ios | 

a0 cosx . ie cos (x+y ) 
mir tak Upshift 
ceed oon 

control voltage in __.___ _ Fige 17 gee 
< cos(x-~y ) 
Downshift 


2k lAK 


signal Sin 
a 90°PDN 4 


+4 [cos (x+y )+cos (x-y )] 


uA 


COs Y 


USING THE FREQUENCY SHIFTER: It is important that we see clearly what the 
frequency shifter actually does. First of all, consider the test setup where we 
put a 1000 Hz sine wave into the input and adjust the Q0 signal to 300 Hz. The 
Signal at the upshift output will be a 1300 Hz sinewave, while the signal at the 
downshift output will be a 700 Hz sinewave. Increasing the QO Signal frequency 
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will cause the upshift to continue up, while the downshift will go down to zero and — 
through into another upshift, trailing the original upshift by twice the input | 

' frequency (see Fig. 19). If a complex waveform 

is applied to the input, the waveform will not b 
be preserved for two reasons. First, the 90°PDN 

will provide a different phase shift for each of 3 
the components of the complex wave (phase distortion) 
such that the waveform will be altered at the 2 
outputs. Secondly, each of the components output 

from the 90°PDN will be shifted by the same number 1 
of Hz (the QO frequency), so they will no longer 
be simple overtones of a single fundamental. The 
overall result is a non-harmonic tone color which is useful, but in many ways similar 
to those produced by various forms of modulation. 

The shifter is very effective with the human voice, live instruments, and other 
live sounds. Since these are complex waveforms, tone colcr can be drastically altered 
by frequency shift processing. This can be used in at least two ways. First, the 
shifting frequency can be set on the same order or lower than the program material 
inpute In this case, the basic motion of the program material is preserved, but with 
new and often surprising sonorities. In the second case, we can set the shifting 
frequency much higher than the frequencies present in the program. Both outputs are 
upshifts in this cases This produces a relatively narrow band of frequencies in 
the region of the the shifting frequency. This may be interesting in itself, but 
the entire spectrun can be transposed down by tape manipulation and/or reshifted 
down for additional useful processing. 

Finally, we can treat the frequency shifter as an eléctronic music module with 
two inputs and 3 outputs as shown in Fig. 20. 


One can fit this into the synthesis system in In Up 
several wayse For example, the downshift output Rese VCO Out 


Fig. 19 


QO Frequency (KHz) 





can be connected to the control voltage input yco Down 
as in Fige 21. A littls thought (considering CoV sacenill 7 Fig. 20 


the usual PLL scheme) will show that this is a 

phase locked loope For a sine wave input, the 

VCO out tracks the input while the upshift out- 

put provides a frequency doubled tracke The In 
PLL will lock on to complex waveforms as well, 
providing a variety of complex outputs. The 

capture and lock ranges of the PLL are adjusted 

by the input attenuator on the control voltage 

input. 


APPENDIX A: Alternative 90°PDN Design Parameters: Below are listed some alternative 
design information for 90°PDN's with various bandwidth ratios, number of poles, and 
maximum phase error. Low values of phase error were chosen so as to permit less 
requirement of precision passive components, as in the design example in the text. 

_ Design is accomplished in the same way it was done in the text example. The question 
comes up as to how much phase error is allowable. A possible guide is the design 
graph of Bedrosian> which refers to single sideband generation (which is actually 
what we are doing). This shows the rejection of the unwanted sideband to be 
approximately: Rejection(db) = 20 Log,,(100/€ ) 


TABLE 2: Alternative Phase Difference Networks 





_ Ratio Number  Fhase Normalized Poles of Network 
FL/Fy of Poles Error (Multiply by FL for actual pole frequencies ) 
1:10 Ly 1° Network A: 0.4787 5.2967 
| Network B:; 1.8879 20.8875 
1:100 | 6 2° Network A: 0.5206 6.0332 47.0664 
Network Bs: 201245 1665747 192.0597 
13100 8 0.3° Network A: 0.3835 3.1753 14.6036 72 6981 


Network B: 1.3755 648476 31.4923 260.7026 
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13250 8 0.70 Network A: 0.4468 4.2706 24.4061 147.8213 
Network Bs: 1.6912 10.2433 58.5395 599.4564 


131000 8 2° Network A: 0.5541 646265 53.2463 438.4678 
Network B: 2.2806 18.7806 150.9075 1804.4704 
1:1000 10 0.79 Network A: 04367 3.9201 20.8429 110.3799 
620.6588 
Network B: 1.6111 9.0596 47.9778 255.0930 
2289.6428 | | 
13000 10 1.19 = Network At 0.5249 5.2142 34.0870 226.1747 
1498.6177 
Network B: 2.0018 13.2640 88.0098 575.3431 
a 57147537 
13000 12 04° Network At 0.4333 3.5298 16.7786 81.3251 


390.2776 1950.4137 
Network B: re 7 «6868 36.8889 178.7991 
9.8957 6922. 
1:10,000 12 1° Network A: 0.5684 4.7228 a 156.9082 
916.5275 4962.4934 
Network B: 2.0151 10.9107 63-7315 383.6157 
APPENDIX B: The Use of Higher Order Networks: Srna hageeonie | 

The term "Higher Order Network" implies. among other things, that the active 
element (transistor, op-amp, etc.) is going to be made to do several jobs at one 
time. Originally, the application of higher order networks was useful for reducing 
the cost of the active elements, and the price that was paid was that the passive 
components had to be more precise, and performance was more sensitive to tolerance 
variations and drift of these passive components. With today's drastic reduction in 
the cost of semiconductors compared to their passive counterparts, we can begin to 
think the other ways This is particularly true in the case where an individual is 
not particularly concerned with reducing the parts count in the one unit he is going 
to build, and is More interested in being able to build it quickly and easily, and 
adjust it for proper performance without special equipment. For these reasons, we 
have taken a look at the simpler "brute force" methode However, we would be remiss 
if we did not at least look at higher order networks, to see why they do not work 
well in this case for the individual builder, if for no other reason. 

It should be pointed out that much of what was done in the main text still 
applies here - the basic idea is the same and pole positions will still be the same; 
we are only making amplifiers handle two or more poles each. 

The best known of the higher order methods was presented by Albersheim and 
Shirley 4 and in an abridged form by Shirley’. An interesting reduction of the pole 
position calculations to an algebraic form is an important feature of this work. 
Four, six, and eight pole networks are discussed. The main drawbacks of these 
circuits is the extreMely low component tolerances required, and the interaction or 
components, making it difficult to determine what needs tuning and how it might be 
done. This makes the circuits difficult for the individual user who lacks shelves of 
precision components and adequate test equipment. 

Another interesting second order network is given by Lloyd ® « This two pole 
network as shown at the righte Note that this is 
essentially a differential amplifier, and we can _ 74 
apply the s-plane analysis as follows: e=% 


Ey =(Ry,/(R34Ry) eBs, = KeEin ® EL 


I =(Ey, - KeEqn]/Z, = (in -K*Fin)sC1 
| lL # sC)R} 
. Eq, (1 - XK) SC 
1 * sC}R] 





~EinQl-K)sCi_ sR 
(1 #sCjR)}) 1 + SC5Ro 
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Bout = Key, - Ted, = KEyy 


~ 


—T(s) = (Egyt/Bin) = KCl*sC1R1)(l+scz2R2) - (1-K)sC Rp 
1+sCjR})(1#sCoRo 


K(1-sC1R))(1-sCoRo) + 2sKC]R] + 28KCoRo -(1-K)sC,R2 
14#sC7R})(1l+sCoRo 


K(1-sC7R] )(1-sCoRe ) Second order all-pass 
(14#sC,R1) (1*sCoRo ) provided that: 
2sKC]R, + 2sKC2Rp -(1-K)sC)Ro = 0 
1 


or K = | 
2(R7/Ro) + 2(Co/Cz) +1 


This is a nice form because the poles are stated in terms of RC valuese Two such 
networks can form the A and B networks of a 90°PDN. With poles selected for a 90°PDN, 
the K factor will come out the same for both A and B, and hence, the K divider can 

be the same one. These could, with appropriate pole placement, be cascaded for an 
eight pole network, 12 pole network, etc. However, the problem of selecting precision 
components remains here too, and a Simple alignment procedure is not obvious. The 
possibility of selecting correct R and C combinations by the first order method of 
Fig. 16, and substituting them into a second order circuit might be considered. 


This has given a quick look at second order and higher order networks. In this 
case, where precision results are necessary, we have seen that the higher order net- 
works have a theoretical advantage, but not necessarily a practical.one when it actual- 
ly gets down to building a device. Im many cases, we may be using a bulidozer to crack 


a Walnut, but for lack of a hammer cecccvcces 
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1. Select FO and Pe the lower and upper ends of the bandwidth. 


2. Calculate: 


k= [1 -(F,/F,)? 11/2 

L Gee. 

Q'’ =L+2L° + 15L9 + © « « 
j. Be tf Log(0") 


3. Select a phase error that can be allowed, and consult the graph below to 


determine the minimum corresponding number of poles "n". 


4. Choose two networks, A and B. If n is even, there will be n/2 poles in each 
network. If the number of poles is odd, put an extra one in network A. 


5. Compute the angles for A and the poles p.: 


or) = (45°/n)(4r - 3) for r=1, 2, .. - (n/2) or [(ntl)/2] 
p' (x) = ARCTAN((Q?-Q6) Sin 46, (x) / [1 + (Q74Q%) Cos 49, (r) 1) 
p(x) = [1/V(F /FL)] TAN[$ (1) - o))] 


and the angles for B with its poles Py? 


o = (45°/n)(4r - 1) for r=1,2,... (n/2) or [(n-1)/2] 
6) (r) = ARCTAN((Q*-Q°) Sin 49, (x) / [1 + (Q74+Q%) Cos 46, (r)]) 
p(t) = (1/VCF 7B, )1 TANLO, (x) - 6) (0) 

6. The above poles are normalized in terms of Foe To get the actual poles 


for the networks, multiply by Fo: 
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ppees Bandwidth (f,/f,) 


10k 


5 67891 


Unwanted Sideband Rejection in db [20 Log, cot (6/2) 





Design Chart for Number of Poles (n) for a Given Normalized Bandwidth 
and Allowable Phase Error. The Unwanted Sideband Rejection is also 
Plotted along with the Phase Error. [After Bedrosian] 


DETERMINING THE REQUIRED ACCURACY: 


When it comes to determining the required accuracy of multipliers and 90°PDN's, 
the two major considerations are "carrier rejection" and "unwanted sideband 
rejection." Carrier rejection is largly a matter of the properties of the multi- 


pliers. This comes in when you apply two signals ry and t., to a multiplier and 


find that in addition to +f, and f-f, you also get a little ry and a little f,- 


Generally, the higher of the two frequencies will be the one that is noticed, and 
this is the reason for the term carrier rejection. The point is that if this gets 
through the multiplier, it will find its way to the output of the frequency shifter. 
For example, if it is the program signal that is the highest, this will come through 
the multiplier as a aloe + ¢) in one case and a eK +p) in the other case 


where ¢ is the phase shift across the multiplier which is the same for either of 
the multipliers and for either of the quadrature signals since they are the same 
frequency. There is nothing that the summers do that will get rid of the program 
Signal once it is through, since they are in quadrature, and no combination of 
addition or subtraction will cause them to cancel. Thus, carrier rejection is 
important in multiplier selection for frequency shifters. 
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Normalized Pole Positions for a bandwidth f if = 1000. Note the symmetry 
that shows up in this plot of Log(Pole Host tions) vs. Linear n. The poles 
were calculated according to Weaver's method. 
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The second factor is the accuracy of the phase difference network, and this 


determines the unwanted sideband rejection. This can be seen by considering the 
effect of an error angle 64. If the actual quadrature program signals are: 
ST AKO t) and Coe + 6) 


then the multiplier equations become: 


Sin(w t) Sin(w t) = (1/2)[Cos(w_t-w_t) - Cos(w_ttw_t)] 
Pp S p S Pp S 
Pees + 6) Cos (wt) = RUPZT ECOG eat SFO) + Oa: +6) | 


We saw that for the normal downshift, we added the two outputs. Adding the two 
above equations and using trig identities for the sum of two cosines (and the 
corresponding equation for the difference of two cosines), we get the following 
form for the downshift output: 


ose e wot +6/2)Cos(6/2) - ese + wt + §/2)Sin(6/2) 


The phases 6/2 are not important for the time varying signals. Note that the first 
term is thus the desired downshift, and its amplitude is Cos(6/2). The second 

term is the unwanted upshift, and its amplitude is Sin(6/2). We see that for small 
values of 5, the unwanted sideband is small. The unwanted sideband rejection is 
therefore (in db): 


20 Log, )[Cos(5/2)/Sin(5/2) ] = 20 Log, pcot (6/2) 


Some typical values are: 20db rejection 6 = 11° 
40db rejection 6 = 1° 10' 
60db rejection 6 = 0° 8' 


The unwanted sideband rejection is plotted along with the phase error on the design 
chart for selecting the number of poles for the network. For mast frequency 
shifters, 40 db rejection or better should be chosen. 


* * * * * * * * * * * * * * * * * 


Final Comments: Before ending this discussion, it should be mentioned that a 
new type of 90° network may prove very useful in the future. This is the 
Hilbert transform formed from a tapped bucket brigade delay line in a 
transversal filter configuration. Such devices can be used in place of the 
standard 90° PDN's. The advantages of the transversal filter is that it should 
lend itself nicely to integration. This could well reduce a fairly massive 
circuit full of capacitors to a single chip. 
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CHAPTER 6B 


PITCH AND ENVELOPE FOLLOWERS 


Se re = = SS SS rs SSIES 


CONTENTS: 
Introduction 
Pitched Signal Production 


Pitch Extraction Based on Spectral 
Information or Pattern Recognition 


An Experimental Pitch Extractor 
and Envelope Follower 


INTRODUCTION 


Two common parameters of a musical sound that we would like to extract and use are 
pitch and amplitude. The devices for doing this are called pitch extractors or pitch- 
to-voltage converters, and envelope followers respectively. Pitch extraction is an 
extremely difficult problem, and at present cannot be solved in the most general case. 
Envelope following is basically a matter of employing some sort of rectifier and then 
low-pass filtering. However, there is a compromise on the time constant of the low- 
pass filter which tends to make this simple sort of follower useless in the limits of 
low frequency and rapidly varying envelope. The pitch extraction problem and the 
envelope following problems are in some ways inseparable. It is usually necessary to 
have the amplitude to recover pitch, and if the pitch is known, the time constants of 
the envelope follower can be optimized. 


We are interested in recovering the pitch and amplitude of real (live) sounds. 
These are two items of "information" in the sounds of real instruments or the human 
voice. Pitch recovery is not the same as frequency recovery. Pitch is more general 
and deals with waveforms that have a complexity of information that far exceeds the 
amount of information in a waveform to which a clearly defined frequency can be assigned. 
A pittch extractor should give the frequency of an electronic signal however. 


PITCHED SIGNAL PRODUCTION 


We first have to look at a block diagram of a system for producing a musical sound 
in an acoustical manner (mechanical as opposed to electrical): 


Ecce) FY] nce) HO bias 
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Here, e(t) is a periodic excitation while h(t) is a system function that can be | 
associated with the resonances of the system. In a violin for example, e(t) would be 
the relatively pure vibration of the strings while h(t) would represent certain 
resonances (formants) of the violin box. The output f(t) is a complex signal that 
contains both the pitch information [from e(t)] and the formant information [from h(t)]. 
It is difficult to suppose that there is any sort of typical waveform that results from 
such a system, but one type of waveform might be: 


i<—_——>' > 
fundamental pitch period 


The main peaks may be considered to result from the excitation while the fine structure 
can be considered the ringing of the formant filters. A typical frequency recovery 
method is to count zero crossings. The above example shows that a zero crossing count 
will be much too high and will not recover the fundamental pitch period. 


PITCH EXTRACTION BASED ON SPECTRAL INFORMATION OR PATTERN RECOGNITION 


Since the fundamental pitch is a spectral component (usually the lowest, except 
in a few artificial test cases), we can consider trying to separate it out by filtering. 
The problem is that if the filter is sharp enough to separate the fundamental from the 
harmonics, it is too sharp to pick it up unless it happens to be very close to begin 
with. If the filter scans up, there is a good chance the fundamental will be detected, 
but there may be detectable delays before the fundamental is acquired. Phase-locked- 
loops will be plagued by harmonic locking, slewing, and loss and recapture problems, 
and are generally unsuccessful. It is thus more useful to abandon methods that are 
based on the perception of pitch by spectral information, and consider an alternative 
theory that is often required to explain pitch perception experiments - the idea that 
the ear-brain does a pattern analysis on the waveforn. 


In the example waveform f(t) that was drawn above, we 
saw that the fundamental pitch occurred as a repetition of 
segments of the general form shown at the right. This sort 
of thing is an easy thing for the eye to pick out, and is 
called autocorrelation. The eye picks out the fundamental 
building block. Even though they are not all exactly the 
Same, they are close enough. They look enough like each 
other to be recognized. The successive segments are thus 
correlated with themselves - hence the term autocorrelation for the perception 
process. The ear may do something very similar on the time waveform f(t). The use 
of actual autocorrelating devices such as are possible with various types of delay 
lines is a promising method of pitch extraction by pattern analysis. Here we will use 
a more restricted method based on the fact that the excitation source produces 
amplitude prominences in the waveform f(t). 


The amplitude peaks will in general determine the overall amplitude. Thus, if we 
know the amplitude, we can pick off the peaks by looking for parts of the waveform that 


approach the maximum amplitude. This method is known 
Amp litude 
Detector 





as center clipping and can be implemented with an amplitude 
detector, attenuator, and a comparator as indicated at the 
right. This method is limited in several ways. (1) It is 
no better than the amplitude detector is. (2) It is 
impossible to find an optimum clipping level since there 
are often level changes that occur for only one pitch period. 
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(3) Transients provide special problems. Setting the TAT = 
clipping level is a matter of the actual attenuation of the 

detected amplitude, and the damping. If the two are too 

high, an actual pitch pulse may be missed. If the two are Missed Pulse 
too low, secondary pulses may be picked up. Experiments 

show that the two cases will overlap, so there is no way to -—- 
set a clipping level based on amplitude detection and 

damping. The two faults, missed pulse and extra pulse are 
illustrated at the right. Extra Pulse 





AN EXPERIMENTAL PITCH EXTRACTOR AND ENVELOPE FOLLOWER 


Below we will describe an experimental device that is intended to extract the 
pitch and recover the envelope as well. The device as shown is not a satisfactory 
electronic music module. It does work quite well, but even an accuracy that is 992 
or greater is not enough since the errors may make their presence known as sharp and 
annoying transitions in the music. There are some who believe that live sounds are 
too complex for a simple device to follow, and there may be some basis in information 
theory for believing this to be true. Thus, to pick up live sounds, the musical 
engineer may choose one of two restricted approaches. First, he can try to optimize 
the parameters of the detector for the specific device to be monitored and for a 
specific range. This can be quite successful in many cases. Secondly, he can try to 
obtain a signal that is closer to the excitation source e(t) where the system function 
h(t) has not yet had a chance to make the sound more interesting (e.g., string pickups). 
The device below may be a useful starting point for either approach. 
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The device shown works on peaks in the waveform f(t). It is similar to center 
clipping, but has the following additional features: (1) The clipping is replaced by 
a peak detector and a downslope detector, and thus does not rely on attenuation and 
damping to detect peaks. (2) The device has a blanking feature that is triggered 
after a peak is detected which effectively makes the device insensitive to any input 
features for a period of time proportional to the last pitch period detected. (3) The 
device has an input filter which is voltage tunable so that it can automatically adapt 
slightly to the input once the initial pitch readings are found. Thus, the overall 
effect is much like a flywheel - the system gets going and looks for only peaks that 
meet the general requirements of the pattern. Of course, there is a danger in making 
such a simple machine too smart. It may look so hard for something that it will make 
its own. To prevent this, the device has a system of start-up logic. None the less, 
the device can be fooled (i.e., the flywheel can get going at half the correct speed 
or twice the speed - equivalent to harmonic locking), or momentary dropouts that the 
ear would ignore or smooth over may leave the system hanging. 


IN 
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a monostable 





DOWNSLOPE . 
DETECTOR 


It is not possible here 
to give all the circuit details 
of the experimental device. We 
give here a few circuits and ee 
typical waveforms. First is 
shown the peak detector and 
downslope detector (above) and 
its waveforms. Note that a * — VOLTAGE-CONTROLLED MONOST 
pulse is produced just after 
the input waveform starts down. 
The voltage-controlled mono- JS J \~ een 
Stable is the heart of the blank- : 


ing circuit. It produces a : BLANK ING 
5 P 7 a a 2. Ty oa 


pulse width that is inversely 






33k 
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Pulse Out 
(Blanking) 





proportional to the control volt- ¢ £ a BLANKED 
age. Thus, when controlled by st) 
a voltage proportional to freq- DAMPED 


uency (output of the analog PEAK-DETECTOR 


divider), it produces a pulse 

width proportional to the pitch MONOSTABLE 
period. This proportion can be nee 
varied from about 10Z to 1002. 
Operation of the blanking circuit 
is indicated by the waveform 
drawings which show how a 
secondary peak is effectively 
removed. A logic circuit controls 
the start up phase and prevents 
blanking until an initial reading 
on the pitch (two pulses) is 
obtained. This generally works 
because the first few amplitude 
peaks rise in succession. For START-UP PHASE OF PITCH EXTRACTOR 


additional circuits, see EN#53-EN#55, 6b (4) 
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CHAPTER 6c 


MODULES EMPLOYING ANALOG DELAY LINES 


CONTENTS: 
Introduction 


Applications Using Mixtures of 
Delayed and Original Signals 


Phasing 
Recursive Structures 


Reverberation Devices 


INTRODUCTION 


There are a large number of devices for electronic music that can be best 
implemented with analog delay lines. At the time of this writing, analog delay lines 
are just becoming practical for delays that are useful at audio frequencies (from 
1 ms on up). 


Two such devices are phasing units and artificial reverberation units. In the 
past, the need for such devices has been met by phasing simulators (phase shifting 
filters), and by mechanical delays (e.g., coiled springs) for reverberation. Neither 
of these is completely satisfactory since the most logical implementation is through 
the use of a time delay, and the engineer has been forced to work with something 
similar. In addition to the applications above, there are numerous other potential 
uses. 


We will not be discussing here the actual circuits for analog delays. These are 
available as devices referred to as "bucket brigade delay lines" or "charge coupled 
devices," but we can also use "digital delay lines" where the audio signals are first 
digitized, fed down a digital shift register, and reconverted to audio. The analog 
delay line is conceptually very simple - you put a signal in one end, and it comes out 
the other end later. A tape delay line is also possible, but the useful devices for 
the future will be the all electronic devices that are not subject to mechanical wear. 


Two circuits for the ITT type TCA350 have been given: J. Hall has shown a circuit 
in EN#48. F. Hinkle has shown another circuit in Electronics, Aug. 7, 1975. The TCA350 
is a 185 stage bucket brigade MOS shift register (analog delay line). 
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APPLICATIONS USING MIXTURES OF DELAYED AND ORIGINAL SIGNALS 


A number of interesting applications arise when the delayed signal is mixed with the 
original version, or with a version delayed by a different amount of time. A simple and 
useful example is the "comb filter" formed from a first-order non-recursive (no feedback) 
network as shown at the right. The summers used in this 
circuit and in later circuits are just op-amp summers. ; 

The coefficients are set by adjusting the summing resistors. : 

A simple method of analysis of the comb filter starts with 

the trig identity: 

Simple Comb Filter 





Sin A - Sin B = 2 Sin[(A-B)/2] Cos[ (A+B) /2] 
Denoting the delay time as T, the output of the network is: 
Sin(wttwt) - Sin(wt) = 2 Sin(wt/2) Cos[wt + (wt)/2] 


The amplitude of the output is determined by Sin(wt/2). Thus, the comb filter has nulls 
when w = 2nt/t, and the network is useful 


for removing a fundamental and all overtones ee 
from a signal. If a delay time of 1/60 sec. 

is used for example, nulls will fall at 60 Hz, 

120 Hz, 180 Hz, etc as indicated at the right. ‘ane 


If both the inputs to the summer are made 
positive, a comb filter results that is useful 
for removing all odd harmonics. This can be 
demonstrated in a manner analogous to the 
above calculation, but a second method, impulse 60 120 
analysis, will be used for illustration. The impluse response of a delay line is very 
simple - an impulse enters at time t and comes out at time t+t. Thus, for an impulse 6(t), 
the response is (t-t). For the comb filter with both inputs positive, the total impulse 
response is S(t) + 6(t-t). The transfer function for the network is the Fourier transform 
of the impulse response (Chapter ld). The FT of an impulse is just 1, and that of the 
delayed impulse 6(t-t) is eJ®*. [The FT of a delayed signal is just eS* times the undelayed 
FT. For this reason, eSt is referred to as the unit delay operator and is often denoted 
as "z'" in the literature on digital signal processing]. The system transfer function is 
thus: ; 

T(jw) = 1+ eo 


The magnitude of the transfer function is the frequency response: 
[T(jo) | = [TCjw)T(-jw) 172 = [tet Cate JOT) 1/2 =(242Coswr) V2 = 2 Cos (wt/2) 
This comb filter has nulls when w = (2n-1)n/t, and is thus used to remove odd harmonics. 


The delay in this case would be set to half the value of the delay used to remove all 
harmonics. 


PHASING 


One application of the comb filter technique is to achieve the special effect known as 


"phasing" or "flanging" in the music trade. For this effect, 
it is useful to add a second fixed delay as shown at the right 
so that the variable delay can be swept through zero relative 
to the fixed delay. Sweeping this delay slowly (on the order 
of 1/4 Hz) produces moving nulls in the comb filter response VARIABLE 
that produce the effect. Phasing is discussed in Chapter 2e. DELAY 
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Comb filter structure for "Phasing" effect. 


RECURSIVE STRUCTURES 


A recursive discrete time filter is one in which output samples are fed back to 
the input summer. A first order recursive 
network is shown at the right. This type of 
filter has an infinitely extended impulse 
response as a result of the feedback. The 
impulse response is denoted by h(t). 





First-order recursive network. 


h(t) = 6(t - tT) + gd(t - 2t) + g26(t - 31) +. 


Taking the FT, the transfer function is: 


= _94 ee 
tu) 24 jwt , jut 4 ote 3jwt 


og JWT 
1 - se 00 


where the sum of the series was obtained from the formulas for a geometric series. 
An alternative method of analysis for this network is to use the z-transform notation 


where z~l = e ST, 
7 = an ai = 
Ba = E Zz = EG Zz +g ae Z 
-1 -1 
T(z) =z /(1 - gz’) 


Tu) Se (Ge ge 0") 
| T Cw) | = 1/(1 + g - 2g Cos wt ) 1/2 


This response is a comb filter with sharp resonant peaks 

as indicated at the right. When g is set to one, the 

network oscillates. However, the main interest in this 

network is as part of an overall network for artificial ao 
reverberation. The possibility for artificial 

reverberation is implied by the infinite duration (but 

decaying) impulse response. 


REVERBERATION DEVICES 


An all-pass network developed 
by Schroeder (M. R. Schroeder, "Natural 
Sounding Artificial Reverberation," 
JAES 10 #3, July 1962) is shown at the 
right. The impulse response of this 
network will be denoted h'(t). 











h' (t) es -26(t) 4 (1 _ g2) h(t) All-Pass network useful for artificial reverberation. 


where h(t) is the impulse response of the first order recursive network above which 
is contained within the dotted lines of the all-pass. This gives a transfer function: 


fue 2" fee yt eee 


|T(jw)| = 1 
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Schroeder examined various structures of the all-pass filters to achieve sufficient echo 


density for artificial reverberation that had a realistic sound. Studies of reverberation 
indicate that an echo density building up to about 1000/second is required to avoid a 
feeling of "flutter." Also, a reverberation time on the order of 2 seconds (time to 


decay by 60 db) is found in natural reverberation. For a loop gain g in the resonator 
of the all-pass, the response decays by 20 log, g for each trip around the loop (time tT). 
This means that the reverberation time of the Biinaee cS 

60 db 


eegeeh ~ (20 log, 8) db ° 


For sufficient echo density, t would have to be 1 ms, and for 2 seconds of reverb, g would 
have to be very close to one. This is not possible in a practical resonator. For an 
assured stable condition, g should be only about 0.7. Schroeder thus used series all-pass 
units with delay times of successive units on the order of (but not exactly equal to) 1/3 
the delay of the preceding unit. This greatly increases the echo density, and five such 
series units gives the necessary density and time with practical all-pass units. 


Since all real rooms do not have a perfectly flat frequency response, one can consider 
the use of some "coloration" of the reverberation. There is a connection between 
reverberation time and the number of natural modes of the room. Schroeder used a number 
of delay line comb filters in parallel to give the same number of natural peaks, and 
followed this with series units for echo density. An example overall reverb network is 
indicated below: 










REVERB NETWORK 
(Schroeder, JAES 1962) 
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CHAPTER 6D 


TRANSFORM DEVICES 
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A Hadamard Transform Device 





INTRODUCTION 


Music moves in two dimensions that are the variables of a Fourier Transform pair: 
time and frequency. Both time and frequency are also dimensions in which signal 
processing can occur. It is helpful at times to consider processing done in the 
different domains, and at times the mathematics of the processing is greatly simplified 
in one domain — hence the utility of the mathematical Fourier Transform apparatus. 


It is useful to consider the use of devices that actually do these transforms. 
In this way, a number of interesting devices can be considered. We will first consider 
a few possible devices and their more conventional formulations. 


COMPARISON OF TRANSFORM APPROACHES AND THE TRADITIONAL APPROACHES 


Additive synthesis can be approached through the use of an inverse transform 
(frequency domain to time domain). This might for example be an inverse Fourier 
transform which is fed spectral information and gives out a waveform. This basic 
idea is shown below along with the more conventional approach which employs a source 
bank of harmonic components. 






INVERSE 
TRANSFORM 


MIXER 


e®ee@tevw®e 





TRANSFORM DEVICE 64d (1) CONVENTIONAL ADDITIVE SYNTHESIS 


In the transform approach, inputs would be fed to the inverse transform through some 
form of control (shown here as switches). These could select spectral points corresponding 
to the pitches of the scales we want to use, or they might select the overtones of a wave- 
form. 


A scheme that does both an analysis (from time to frequency) and a resynthesis (from 
frequency components to time) is shown below along with its more common counterpart which 
is formed from a bank of filters or perhaps just one VCF: 


Rea a 
‘ INVERSE 
. | FILTER BANK 
Ree aaees TRANSFORM 
TRANSFORM DEVICE CONVENTIONAL SUBTRACTIVE SYNTHESIS 


In the case of the transform, certain of the controls (shown as switches) can be set to 
control the harmonic contents of the waveform. Thus, this analysis and resynthesis 
technique is analogous to subtractive synthesis. This may be best seen by considering 
that if switches are left open, certain spectral components will be blocked, and this 
corresponds to filtering. 


A HADAMARD TRANSFORM DEVICE 


In realizing an actual transform, there is a decision to be made as to the type of 
transform, the number of points (in the discrete transform), and the implementation. Use 
of the Fourier transform (or the Fast Fourier Transform - FFT) is possible, but this would 
involve the handling of complex arithmetic. The FFT is easily implemented by computer, but 
except for a limited number of points, it is too slow to run in real time. A real time 
network can be formed by doing the Hadamard transform by an analog method. The Hadamard 
transform (HT) is a device which gives a spectrum in terms of Walsh functions rather than 
sinusoidals, and is a fast computer method similar to the FFT except it does not use complex 
arithmetic. In fact, the only arithmetic to be done is a multiplication by +1 or -1l, and 
a summation, and these are easy jobs for op-amps. The HT, like the FFT has a "Flow Graph" 
called a "butterfly" as shown at - 


the right. Each of the nodes SJ 1/8 Co 
of the network can be realized 
by using the op-amp differential th Vas 
amplifiers or summers as shown 7 Ne? = 1/78 4 
below. The transform network 
shown involves only 8 points, and Me Sa 
does analysis only over a range *2 SS SH e 1/8 C3 
corresponding to three octaves, 
but is large enough to examine XXL, SL NX 
the method. The inverse trans- se Moo eh ee - -1 178 Cy 
form uses the same basic network. xX > 3 

It is a curious fact that %y MT A A 3 Cy 
when we choose to analyze a waveform + e <7 
by means of Walsh functions and an ian a a 
analog method that the HT may not Xe | ; C6 
be the most efficient. The discrete JA \XX 
Walsh transform (DWT) just happens 
to be more efficient for small net- % ae a U8 Cy 
. LORS 
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The DWT uses a matrix multiplication 
method (see reprint paper in chapter 9d). 
Since all the elements of the matrix are 
either +1 or -l, the matrix-vector product 
used to evaluate the coefficients becomes 
a simple summation and can be performed by 
op-amp circuits of the type shown at the 
right. For networks of practical size, 
this approach saves many op-amps. For 
networks of many points (perhaps 64 or 128), 
the original HT method may be a saving as 
even though more op-amps are required, 
far fewer resistors will be. 


The networks implemented as shown 
do analysis in space - the various coeffi- 
cients and data points appear at various 
positions in the network. To be useful 
for processing audio signals, the samples 
must be sequenced in time. This involves 
the use of a sequencing circuit and a 
sample and hold for each of the voltages 
to be used. A convenient circuit for 
the sequencer uses the 74154 data dist- 
ributer as indicated at the right. This 
circuit provides a short pulse for the 
triggers to the sample-and-holds at each 
of eight outputs. As the eighth output 
falls, another 74121 circuit fires and 
provides the main transfer signal for 
the coefficients. 


The overall Hadamard transform 
scheme is indicated at the right and 3. 
below. The operation of the sequencer 
and connection of the sample-and-hold 
circuits should be noted. The eight 
input sample-and-holds have a common input 
and are clocked in sequence. This loads 
eight input samples. On the fall of the 
eights enable pulse to the eighth sample- 
and-hold, a single pulse transfers all 
the coefficients (of the eight input 
samples) to storage sample-and-holds known 
as the coefficient sample-and-holds. Once 
the coefficients are stored, they are 
subjected to some form of manipulation and 
then fed to the HT-! (inverse HT) which 
resynthesizes the first frame in a 
manipulated form. When the next sequencer 
pulse arrives, it reloads the first input 
sample-and-hold, but this does not change 
the stored coefficients of the previous 
frame. At the same time that the first 
input is reloaded, the first output sample 
of the resynthesized frame is unloaded. 
All output sample-and-hold circuits have 
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DWI Circuit for C 
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SEQUENCER FOR HT NETWORK 


SEQUENCER 


OUT 


IS&H 
CS&H - 
MAN - 
OS&H - 


- Input sample-and—-holds (8) 


Coefficient Sample-and-holds (8) 
Coefficient manipulators 
Output sample-and-holds (8) 


OVERALL HT ANALYSIS-SYNTHESIS SCHEME 
(3) 


a common hold capacitor and a common buffer. The output sample points are thus unloaded 
as new inputs to the HT network are being loaded. The output voltage of the whole scheme 
is the last HT-1l voltage sampled. Observe that if the coefficients were passed directly 
without manipulation, and circuit errors can be neglected, the output waveform is an 
exact replica of the input delayed by eight samples. 


The device is a "sequency" filter. It removes certain Walsh function components, 
or alters their amplitude as the coefficients inside the network are manipulated. Ee 
is useful to manipulate the coefficients with analog multipliers so that each of the 
coefficients can be enveloped into the inverse transform. 


The relationship between the clocking frequency and the input signal frequency 
alters the results greatly. It can be seen for example that if the clocking frequency 
is much greater than the input frequency, each of the input voltages in an 8-sample 
"frame" will be fairly close. In this case, the main part of the network energy will 
be concentrated in the Cy or DC coefficient. If the frequency of the input is 1/8 
the clocking frequency, the set of coefficients are constant in time. Near integer 
multiples produce complicated beating effects. 


As a practical matter, the network coefficients can be examined to see which ones 


have significant energy. Then two approaches are possible. The user can either work 
with the high energy coefficients, or block these and work with the residual activity 
by adding amplification. In the former case, the results will be somewhat predictable. 


In the latter case, it is difficult to estimate what the residuals are, and since they 
are of much lower amplitude, system errors may contribute much to the output as well. 
In either case, useful sound combinations may result. 


Additional outputs are possible. Squaring the coefficients with the multipliers 
for example gives a Walsh ''Power spectrum," and the inverse transform gives a form of 
autocorrelation. It is also possible to convert the coefficients to a Fourier form. 


The experimental device has proven useful for producing unique sounds of various 
types. For the most part however, an approach that is tried for a certain effect may 
give something altogether different. Thus, further experimentation on the control of 
the network is indicated. Furthermore, it may be useful to use a network of larger 
size (16, 32, or 64 points) to give a greater bandwidth. For more details on the present 
device, see: B. Hutchins,'Application of a Real-Time Hadamard Transform Network to 
Sound Synthesis," JAES July/Aug (1975). 
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CHAPTER /A 


DESIGN OF CONTROLLERS 


CONTENTS: 
Introduction 
Keyboards (Discrete Controllers) 
Continuous Controllers 


Miscellaneous Controllers 


INTRODUCTION 


It is through the controller that the electronic music system becomes useful to the 
musician. The fact is that to date relatively little research into new types of 
controllers has been done. For the most part, more or less standard musical controllers 
have been adapted for electronic music. There is surely a lot that can be done in this 
area to aid the musician. 


Much of what is covered here requires additional circuitry of the type discussed in 
the next chapter to give the proper interfacing with electronic music modules. At times, 
it is difficult to say what part is the controller and what part is the interface. Thus 
this chapter and the next are best read as a unit. Sequencers are another type of 
controller and are discussed in chapter /c. Parameter recovery devices, which are 
really a "translational" type of controller (pitch and envelope followers for example) 
are discussed in chapter 6b. 


KEYBOARDS 


Many musicians prefer or demand a standard electronic organ type of keyboard. 
These are the easiest type of controller for a keyboard player to use as they have 
the standard key spacing and feel. This type of keyboard would be extremely difficult 
to build. Even for an experienced machinist with a properly equiped workshop, this would 
probably require more time than it would be worth. In addition, some special spring 
contact wires (special alloy and gold plating) are required. All and all it comes down 
to the fact that if you want this type of keyboard, you had better be prepared to pay 
something like $100 for a 4-5 octave model. The keyboards generally used are made by 
Pratt Read Corp. of Ivoryton, CT 06442 and meet AGO (Americal Guild of Organist) spec- 
ifications. The individual buyer will have to obtain one from a dealer most likely. 
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There are numerous ways of rigging up makeshift keyboards with mechanical contacts. 
None of these are as reliable as the standard keyboard. If they are made mechanically 
sound, eventually they will suffer from corrosion of the contacts. One source of gold 
plated wire that will help things is the clippings from gold plated transistor leads. 


It is possible to use the standard keyboard format and use touch controlled keys. 
The basic design starts with a keyboard design etched on a printed circuit board. This 
is then attached to electronic circuitry that detects the presence of a finger in contact 
with the etched "key." Since these circuits are usually capacitive (see following chapter), 
it is generally possible to paint the keys in the standard black and white manner, and 
still have the circuitry work properly. 


Finally, there is a wide range where experimental keyboards can be used. These 
may be specially designed arrangements, or keyboards designed for non-musical purposes 
(such as a calculator keyboard). Keyboards like those for calculators may be very 
reliable when used in music systems. However, the obvious drawback is that they are not 
natural for most musicians. However, some composers prefer to work with unfamiliar 
keyboards as they tend to prevent automatic learned responses from transferring standard 
structures to their music. 


CONTINUOUS CONTROLLERS 


When you push a key on a keyboard, you have your note. The keyboard is set for a 
discrete set of pitches, and while it can be easily tuned up or down, once set there are 
only as many pitches available as there are keys. A second type of controller works 
with a continuous range of pitches. The simplest type of controller of this type is 
the potentiometer. This can be tuned for any of the keyboard pitches or any inbetween. 
However, for any sort of wide range controller, the pitches cannot be set exactly because 
the user cannot set the pot knob accurately enough. Thus, as with other continuous 
instruments such as the violin, exact tuning depends on aural feedback from the instrument 
to the players ear. However, this sort of controller is also often used for pitch glides 
or for note "bending" where the exact pitches are not important. 


One popular continuous controller is the linear "Ribbon Controller" which can be 
thought of as a continuous keyboard or a slide pot without a slide. Pressure is applied 
somewhere along a strip and contact is made between a conductive pickup and a resistive 
Strip carrying a constant current. This transfers out a voltage proportional to the 
distance of the point of contact. With such a device, vertical action produces constant 
voltages (selected from a continuous set) while horizontal motion maintaining pressure 
produces glides. 


Rossum has described a simple ribbon controller (EN#31, pg. 9). The controller 
uses a 1" by 18" strip of "Micaply Ohmega" (Mica Corp, 4031 Elenda St., Culver City, CA 
90230). This material is a copper covered resistive material. The copper can be etched 
off (must use chromic acid for this, ferric chloride will get the resistive material too) 
leaving short contact strips on the ends. Plastic 


; ges ; Cu resistive strip (etched) Cu 
strips about 1/4" wide are mounted along the sides 











lengthwise, and a strip of aluminized mylar is fre eetes tote hee EE 
placed over the strips and fastened in place with 

a strip of contact plastic. The general idea contact 

is suggested by the drawings at the right. The plastic aluminized 
resistive strip is then powered by applying 5 volts mylar 


along its length, and an interface circuit of the fe 
type described in the next chapter can be used. 


(6 =), 
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If. desired, the strip can be driven by a constant La LLM prastre 


current source instead of just the 5 volt supply. resistive strip 
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Craig Anderton has described a "Dial Controller" formed by adding a larger type 
of handle to a pot shaft, and adding a calibration dial (EN#34 (19)). The device is 
best formed with a log pot since this spreads the notes and makes them easier to play. 
The best note spread is found to be about two octaves for a single turn. 


A "Joy Stick" (or X-Y Controller) is a continuous, two-output controller that can 
be considered a two-dimensional pot. A mechanical arrangement is used to convert left- 
right motion of the top of the stick to rotational motion for one pot, and forward- 
backward motion is converted to rotational motion for a second pot. Two arrangements 
for doing this are common. One connects the pots with an L-bracket and the other uses 
two semicircular double hoops as shown below: a lp 


DOUBLE HOOP JOY STICK ane Z 


SiN sia 
1 


of 


The pots are used as voltage dividers by applying a voltage across them and removing 
the control voltage from the pot wiper. It may be best in this case to use a log pot 
and use the section of the pots range that has the most resistance per degree of rotat- 
ion. This is because the joy stick has much less than full range of rotation for the 
pot. In any case, scaling and ranging units can be added to the output. 





The joy stick gives two voltages which are continuous. They can be varied as 
rapidly as the hand can move. If it is desired to have the device silent between 
settings, a gate and/or trigger pushbutton can be added to the general setup. For 
example, this might be mounted on the top of the stick and operated with the thumb. 


A number of variations on the basic joy stick (E> 


are possible and are indicated below. The one 
directly below removes one of the rotational 
motions and replaces it with a twist, as in the 
dial controller. The one below and to the right 
adds a twist motion to form a third parameter 
control. 






THREE PARAMETER 
JOY STICK 
X, Y, and Twist 






MODIFIED JOY STICK 


X and Twist Motions 
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MISCELLANEOUS CONTROLLERS 


Other controllers are possible, and these are often intended to monitor some physical 
parameter. A number of these are discussed in connection with the interface units of the 
next chapter. These use such things as time delay and pressure to arrive at controllers 
that will possibly allow the musician more control over expression by more properly 
monitoring the way the control elements were activated, not just which one and when (as 
is the case of any switch closing). 


One additional physical quantity that is useful is light. Light can activate an 
electronic system by causing a voltage to be generated in a photocell, or by changing 
the resistance of a photoresistor. This can be made quantitative by controlling the 
light; first by controlling the base level (by channeling the light and keeping ambient 
light out), and secondly by a mechanical device that is controlled by the user. With such 
a system, a material can be compressed to block greater and greater amounts of light, and 
this can be a measure of pressure as well as a time record of pressure. Two other devices 
have been described. The "electric clothespin" was suggested by Bill Hemsath as a 
device that could be controlled by the pressure of the teeth. The basic idea is indicated 
by the diagram below. A second device uses air flow to move a membrane out of the way and 
let more light strike a light sensitive cell in a manner suggested by the drawing on the 
right below: 


Dotted lines indicate 


Pressure holes in block 





| AIR-FLOW 
MONITOR 


Another type of controller uses the mechanical vibrations of a conventional instrument. 
Typically this might pick up a strings vibrations, and may be fed to a pitch-to-voltage 
converter first, or the signal might drive processing circuits. A magnetic type of 
pickup is common for this purpose. The instrument is outfitted with conducting strings 
and the part of the string that is in a magnetic field generates a voltage proportional 
to its velocity. This voltage may be integrated to give a voltage proportional to the 
strings position if desired. Another type of string pickup has been described by C. H. 
Agren ("Photoelectric Vibration Probe for String Instruments," Electronic Engineering, 

Dec. 1974, pg. 18). 


lamp 


A number of programmable controllers involve some sort of moving paper tape or chart. 
These are similar to sequencer devices. One outstanding possibility of such a device tis 
that a composer may be able to write on the paper with a code that will be properly 
interpreted by sone electronic pickup as the paper moves. This sort of writing is not 
unlike the process of score writing. An example of this sort of approach has been 
described by Brent Gabrielsen ("A Programmable Control Device for Analog Synthesizers," 
AES Preprint # 1000 (S-3), Sept. 1974). 


Finally, with the advent of computer control of synthesizers, controllers for 
computers will become directly available. There are a wide variety of such devices. Of 
particular interest are "Light Pens" which effectively write on the faces of cathode ray 
tubes, and certain devices which pick up the patterns written with a regular type of pen. 
Such devices make certain types of programming very natural and easy to interpret. 
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CHAPTER /B 


DESIGN OF CONTROLLER INTERFACES 


CONTENTS: 
Introduction 
Keyboard Interfaces 
Use of Keyboard Interfaces with Other Units 
Digital Interfaces 
Digital Counting Interfaces 
Touch Control 
Touch Sensitivity Translators 


Polyphonic Controls and Systems 


INTRODUCTION 


A controller interface is a device which changes a useful control action into an 
appropriate voltage level and/or waveform to control the music synthesis system. In 
some cases, (e.g., a pot voltage divider) it is difficult to say what is the controller 
and what is the interface. In general, we shall find the controller to be mechanical 
parts while the interface is electrical. We shall often be concerned with keyboards 
for example, and shall consider the mechanical keys and switches to be the controller 
while anything else that is needed is the interface. 


We are most often concerned with three types of controlling signals. (1) Control 
voltages - those which have a value that controls the parameters of the synthesis 
system. (2) Gates —- timing signals that have a start, a duration, and an end. 
(3) Triggers - short pulses defining one point in time, often the same as the onset of 
a gate. However, triggers may occur at other times as well, and might well be consider- 
ed as "retriggers." 


Inputting of other controllers is often possible and can be done as a matter of 
convenience. Inputting of sequencers may be a special case as some sequencers may 
provide their own gates and triggers. In others, design can be simplified if a key- 
board interface is used. 
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KEYBOARD INTERFACES 


The voltage divider is a convenient way of obtaining a set of discrete voltages. 
The necessary set of voltages for a keyboard depends on the module which the keyboard is 
to control. When the driven module has an exponential response, the set of voltages are 
all equally spaced to provide intervals that have the same ratio. For a 12 tone scale 
and a l-volt per octave response, the required voltages are 1/12th of a volt apart. We 
could thus generate a set of voltages by using a string of resistors of value R, and driv- 
ing the string with a current (1/12)/R. 


For a practical keyboard system, the string will be composed of one resistor for 
each key, and the resistors will usually be mounted right on the keyboard switches. The 
divided voltages thus appear on one terminal of the keyboard switches while the other 
terminals are all connected to a common bus. On the other side (the bus) it is the usual 
practice to include a sample-and-hold (S&H) circuit. The reason for this is quite simple: 
On a traditional keyboard instrument, it is generally the case that the tone continues 
without a change of pitch as the decay phase proceeds following the lifting of a key. If 
it were not for the S&H on the keyboard bus, the pitch information would be lost - the 
VCO would go to its uncontrolled state. 


A simple keyboard interface is shown below: 


1G R R R 


I Keyboard 







Out 


Buffer 


The string is driven by a current source as shown. This assures that if more than one 
key is pushed down,. the lowest one will sound. This is because the current in the line 
will be shorted through the bus if more than one key is pressed. Only the voltage that 
is dropped across the resistors between the bus and the ground will appear. This is 
illustrated below: 


eeneeesnnenie eae a 
Corrs 


The S&H is formed by simply attaching a storage capacitor to the keyboard bus and 
buffering the capacitor voltage. Current flows from the string to charge the capacitor 
to the divider voltage. The output impedance of the divider string is equal to the 
total resistance below the tapped point. Thus for a resistor string of 100 ohm resistors 
on a 49 note keyboard, the maximum output impedance of the keyboard would be 4.9k. The 
RC time constant for the sampling section should be only a few milliseconds. A value of 
= 1 mfd would give RC = 4.9k-1 mfd or about 5 ms as the maximum charging time constant. 
This is acceptable, and the 1 mfd capacitor makes possible a fairly long storage time with 
a good buffer. In many cases, it may be possible to use a smaller capacitor however. 


In general for synthesizer use, it is necessary to obtain timing signals from the 
keyboard in addition to the control voltage. This is sometimes done with a second set 
of switches on the keys. However, all the necessary timing information is present in 
the control voltage. The three items of information available in the control voltage 
are: 
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1) Which key is down. This is given by the magnitude of the control volatge. 


2) At least one key is down - the gate signal. Given whenever the bus voltage 
exceeds some minimum value. 


3) - The key that is down is changing - the trigger signal. This is obtained 
when the bus voltage has a sufficiently rapid rate of change. 


Below is shown an interface circuit that requires only one keyboard bus and yet 
supplies the control voltage, the gate, and the trigger: 


KEYBOARD INTERFACE 







+15 
Cy 
R2 
4.1K 
Ra 
lok 
rea Rie AN Ris 
2N 3904 CATE 
* es ee | 
Ri, 
IC=3 <0 
LM307 
OL : 
ANYIHS 
4K 
RIS 
’ j 4138 rare 
1M IC-7 
t~ ae 7 re 
joo re) Ris 
S 8] 2. J. 
2N3819 4° Povhumento 
many | tet pose 
2N3819 . > 
pc-3 Tune = From EN#45 C4 cio 307 AGE 
lok OUT 
-15 
IC-1 serves as a current source for the resistor string. The current source will 


work with any number of keys for a total keyboard voltage up to 7 or 8 volts. Thus it 
will work with 3, 4, 5, and 6 octave standard keyboards. All the resistors between 
the keys should be the same value on the order of 100 ohms (20 - 200 ohms preferred) 
and should have a tolerance of 1%. The current source trimmer PC-1 is adjusted to 
supply a current so that 1/12 volt is dropped across each resistor. It may be 
necessary to change the value of R1 and PC-1 somewhat for some values of keyboard 
resistors. The voltage between +15 and the emitter of TR-1l is about 5 volts, giving 
a current through R1 and PC-1 of 5/(R1+PC1). This is the emitter current since no 
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current flows into the - input of IC-l. For a high-beta transistor, the collector 
current is the same as the emitter current. Thus, the same current is supplied to the 
resistor string. 


IC-2 serves as a buffer for the keyboard bus voltage. Capacitor Cll is not a 
storage capacitor - it just keeps noise off the bus line - it is too small to hold much 
of a charge. R8 and Dl hold the buffer at about -0.6 volts when no key is down. When 
a key goes down, the output impedance of the keyboard string is much less than R9 = 1 meg 
so the keyboard rules. When the voltage on the bus line exceeds ground level (going 
from -0.6 to some positive value) IC-3 goes high, and TR-2 provides a gate level of 
+5 volts. 


Ic-4 and IC-5 form a differentiator and one shot combination. IC-4 triggers IC-5 
whenever a voltage changes by 1/12th of a volt or greater and changes rapidly (as fast as 
IC-2 slews). While IC-5 only triggers when a negative transition occurs, this is certain 
to occur since contact bounce of the mechanical contacts of the keyboard typically make 
and break something like 100 times before settling. Once triggered, pin 3 of IC-5 remains 
high for about 25 ms. 


When pin 3 of IC-5 falls, a 15 ms trigger occurs at pin 3 of IC-6, provided that the 
gate is high (pin 4 of IC-6 is enabled). This trigger is available to control an 
envelope generator. It is also coupled through IC-7 to the gate of TR-3. This causes the 
S&H to sample. The keyboard bus voltage is thus stored as capacitor C9 is charged from 
the output of IC-2. C9 should be a polyethylene or polystyrene dielectric type for best 
results. The voltage on C9 is buffered by TR-4 (source follower). There is a voltage 
drop on the order of 1/2 volt across the source follower, but this is seldom a problem 
since it is a constant offset. The source voltage is the correct held voltage for all 
practical purposes. The final circuitry PC-2 and IC-8 is a portamento circuit. The 
voltage on the source of TR-4 charges C10 through PC-2 as an exponential ramp. The final © 
voltage output appears at the output of IC-8. The bias current through IC-8 flows 
through PC-2, so there may be some pitch shift as PC-2 is adjusted. If this is a problen, 
IC-8 can be replaced with a type 308 or a type 536 op-amp. TR-4 can be replaced with a 
536 as a follower if desired. 


The timing diagram for the interface unit is shown below: 


oa 4 CONTROL VOLTAGE 
sinieemen te emieeeleest Input Bus 
(solid line) 
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(output of IC-6 
Pin 3) 
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The timing diagram illustrates the need for the delay provided by IC-5. When 
the bus voltage changes from some upper keyboard value to its standby value of -0.6, 
this corresponds to the lifting of the last key in a sequence for example. This 
transition triggers IC-5, as does any change exceeding 1/12 volt. Yet this does not 
indicate a new voltage to be sampled - we want to hold on to the last actual keyboard 
voltage, not the -0.6 volt standby. Thus the delay provided by IC-5 lets the gate 
go low before IC-6 (the trigger) is triggered. Since the gate is low, the trigger is 
inhibited. The trigger is therefore the AND function of the gate and the falling 
edge of the output of IC-5. Note that when the input voltage changes and the gate 
does not go low (the player slides from key to key, not lifting them completely between 
notes) triggers will appear to retrigger the attached envelope generators. This 
provides some envelope indication that the tone has changed, not just a pitch change. 
The time scale on the timing diagram has been greatly exaggerated to show the relation- 
ship of the timing signals. 


Note that there are only three wires that connect the keyboard to the interface, 
the current line, the bus line, and ground. This means that the keyboard may be 
connected with a three terminal connector such as a stereo phone plug. In fact, if 
this is done, it is possible to use the interface unit for general input signals as 
we shall see below. The tune control PC-3 can be mounted on the keyboard and this 
allows the performer to turn the pitch up or down to tune to other instruments. It is 
probably best to make PC-1 a trim control rather than a panel control. The interface 
can be tuned up for a 12-tone scale and held there. It is important to be able to 
change the voltage scaling to use different musical scales, but this can be done with 
additional scaling controls, and the 12-tone scale can be regained easily without need 
for careful resetting of PC-l. 


A control voltage scaling and ranging unit is shown below: 
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The purpose of the scaling unit is to produce responses other than 1 volt/octave. There 
is often an interest in producing scales of more than 12 tones per octave, with 19 and 

31 tones per octave being popular. This is basically an attenuation process. At times 
a sharper response may be desired, and that is the reason for the initial amplification 
before the attenuating pot. The ranging unit is used when it is desired to change the 
pitch level of the overall patch with a single knob. In some patches there may be three 
or more VCO's and a VCF or two that all track the keyboard voltage. If the user wants 
to change the pitch level of the whole system, it would be necessary to adjust many 
different knobs and carefully adjust the exact tracking. With the ranging unit, it 
should be possible to achieve tracking once and then run the pitch level up and down with 
the ranging unit controls. Note that if the ranging unit is used, it would be easiest to 
adjust the volts/octave control on the interface to 1-volt/octave while monitoring the 
voltage at the output of the ranging unit. In this way, it will not be necessary to 
critically select the resistors in the ranging unit. 


USE OF KEYBOARD INTERFACE WITH OTHER INPUTS 


The keyboard interface above was designed to operate in what would be considered the 
expected manner with a standard keyboard. It can also be used to handle a number of other 
controllers, sequencers, or general voltage inputs. 


The keyboard interface will work with ribbon controllers in a fairly natural manner. 
When the ribbon is pressed to the resistive strip, the interface works just as it would 
if a switch contact were closed - it produces a gate and a trigger. When this contact is 
lifted, the gate disappears, as in the keyboard case. The difference comes in when we 
consider a glide from one voltage to another. In general, this will not have a fast 
enough change of voltage to trigger the differentiator. Therefore, no trigger will 
appear. This is probably the best thing however, as it would be difficult to define a 
time when the trigger should occur during the glide. In the case of the keyboard, this 
is not a problem as the voltages are discrete. It seems that the keyboard interface may 
be considered a complete success with a ribbon controller as well. 






Ribbon Controller 


| To Keyboard Interface Unit 


A joy stick is a similar problem as far as glides are concerned. If we input the 
voltage from the joy stick, gates will appear when the voltage exceeds zero, and in general 
no triggers will appear. The joy stick voltage will be crossing zero instead of jumping 


rapidly across as is the case with the kyeboard and the ribbon controller. This is the 
reason that IC-3 is configured as a weak Schmitt trigger rather than a standard comparator. 


Sequencers may be input through the keyboard interface as well. It responds to 
a sequence of voltages just as it does to the keyboard bus voltage. An output will result 
when the sequencer voltage exceeds ground level. Triggers will appear in the interface 
if the sequencer voltage changes discretely by amounts on the order of 1/12 volt or larger. 
In the same way, any voltage can be input to the interface. Slowly varying voltages will 
produce only gates while those with discrete steps can be expected to produce triggers as 
well. In some cases where triggers are not produced but are needed, the rising edge of 
the gate can be used to supply triggers to an envelope generator. 


One convenient way of setting up the interface so that it can be used with a general 
type of input is shown at the top of the next page. A standard stereo phone jack is used 
for the keyboard. When a different type of voltage is to be input, it is a simple matter of 
of using a standard phone plug. The current in this case is shorted to ground but since it 
is supplied by a current source, this is no problem. 
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DIGITAL INTERFACES 


Digital methods are particularly useful where a discrete set of voltages are used. 
For example, when a standard 1 volt/octave System is used with a 12-tone equally tempered 
scale, all the voltages are 1/12 volt apart. For example, a standard 61 note keyboard 
(5 octaves plus a note) can be represented by 6 bits of digital information (26=64). 
Such a system starts with a scanning device that rapidly checks for a key that is down. 
When it finds a down key, the corresponding digital word is latched and fed to a D/A 
converter. Additional logic circuits can be used to give gate and trigger Signals, and 
also select only the lowest key if more than one is pressed. 


The digital interface of this type has several outstanding advantages and possibilit-— 
les. (1) No sample-and-hold is required. The digital latching holds the output voltage 
without drift. (2) Bounce suppression of the mechanical contacts of the keyboard is 
easily built into the latching mechanism. (3) The Scanning and digital logic system is 
the start of a polyphonic keyboard system. The major drawbacks are (1) the added 
expense of the system, (2) only discrete voltages can be handled, and (3) the device is 
hard wired to the keyboard and is not available for other controllers. 


DIGITAL COUNTING INTERFACES 


Numerous methods have been proposed and used to generate the actual tones for a musical 
device by a digital counting method. One method suggested by D. Gossel ["Generation of 
Musical Intervals by a Digital Method," Phitlips Tech. Rev 26 170 (1965)] starts with a 
high frequency oscillator and divides the oscillator by a series of numbers (in the range 
of 100-200) selected so that frequencies at the output of the dividers approximates the 
musical scale tones with reasonable accuracy. The digital counter is a divide-by-n counter 
where n changes with the scale tone. This is accomplished by using a programmable divide- 
by-n. These typically come in 4 bit units that divide by numbers from n=2 to n=16 according 
to how four programming pins are programmed. Programming is accomplished typically by 
grounding the pins as needed. A diode matrix can be formed so that when a key on a keyboard 
is depressed, the correct pins are grounded for that tone. Typically, two of these 
divider chips (DM8520, 74193, etc.) are cascaded to give 8 bits so that n can be selected 
from numbers from 2 to 256 by programming 8 pins. The most accuracy is usually obtained 
by working toward the high end, i.e., in the upper octave from n = 126 to n = 256. The 
actual numbers used can be obtained from the data of R. Stapelfeldt [JASA 46 pg. 478, 1969] 
who has used a computer program to optimize the numbers for minimum error. Note that for 
practical circuits, the upper frequency must be in the MHz range. It is only necessary to 
generate the top octave if more than one octave are used. Lower octaves are obtained by 
using flip-flops. The choices of divisors for minimum error are shown below for an 8 bit 
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a 10 bit, and a 12 bit counter (results from Staplefeldt): 


OPTIMUM DIVISORS FOR EQUAL-TEMPERED SCALES 


TONE (C scale) 8 Bits 10 Bits 12 Bits 
C 116 508 1951 
B 123 538 2067 
At 130 570 2190 
A 138 604 2320 
Gi 146 640 2458 
G 155 678 2604 
Fi 164 718 2759 
F 174 761 2923 
E 184 806 3097 
pi 195 854 3281 
D 207 905 3476 
cit 219 959 3683 
C 232 1016 3902 

Max % Error 0.15 0.03 0.007 


The divide-by n method and two other methods using digital circuits are discussed 

by R. Cotton ["Tempered Scale Generation from A Single Frequency Source," JAES 

20 #5, pg. 376 (1972)]. Two additional methods of digital scale generation have 
been examined by G. Small ["Synthesis of Musical Scales Using Noninteger Frequency 
Division,’ JAES 21 #4 pg. 261 (May 1973) and "Rate-Feedback Binary Counter in Musical 
Scale Generation," JAES 21 #9 pg. 702 (Nov. 1973)]. 


TOUCH CONTROL 


Touch control or touch activation should be distinguished from the term "touch 
sensitive." A touch controlled device is a zero travel switch. It is used where 
a mechanical switch might be used, yet activation is through the touch of a finger, 
not by mechanical motion and contact of metallic parts. In this sense, the actual 
controller is just a "touch pad," and the only electrical design is for the interface. 
The term "touch sensitive" is used where some physical parameter of the contact of 
a mechanical device is recovered and used as a control. The recovered parameter 
could be velocity of a key, force on a key, final pressure on a key, or some combinat- 
ion. This requires some device that does travel, not a touch control pad. Thus, the 
two terms are quite different. 


Touch controlled devices using the type 555 timer can be found in chapter 3e 
and in EN#31, pg. 5 (circuit of Craig Anderton). Another inexpensive touch control 
circuit was described in EN#52, pg. 10 based on a principle described by D. Cockerell 
in Electronics, Feb 20, 1975, pg. 108. The basic idea is to provide a pulse of 
approximately 50 ns to one input of a TTL NAND gate while the other effectively floats 
connected to a touch plate. When the pulse arrives at the first input, it immediately 
goes high. The other input starts to rise also as the stray capacitance is charged 
by leakage current. The output goes low as soon as both inputs are high. When a 
human finger is placed on the touch pad, the additional capacitance slows the charge 
rate of the second input. The falling edge of the pulse triggers the latch. Thus 
by properly setting the pulse width, it is possible to catch the NAND gate output 
either high or low depending on whether the pad is touched or not. A working circuit 


is shown on the next page: 
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Note that the clocking frequency is really just an updating rate. Therefore, this 
frequency is not critical. Note also that the 74121 can drive any number of NAND gates 
(using buffers as needed), so that part of the circuit need not be repeated for each 
key. Thus a key requires just 1/4 of a 7400 and 1/4 of a 7475. It may be necessary to 
adjust the monostable time slightly (small variations in either the 6.8k resistor or 
the 5.6 pf capacitor) to get reliable operation on all keys. It would be best to use 
7400 gates from the same lot to get them matched closely, although this was not necessary 
in several experimental circuits. For a start, the finger should touch the metal 
directly. The device is capacitively operated however, and it is possible to lacquer 
or paint the keys and still have it work. A little more pressure or increased contact 
area between finger and the plate may be needed in this case. 


TOUCH SENSITIVITY TRANSLATORS 


The basic method of velocity sensing involves two sets of contacts per key and the 
two must make or break in sequence. A logic arrangement determines when only one contact 
is made, and an output goes high. When the second contact is made, the output of the 
logic goes low. The width of the output pulse is inversely proportional to the velocity. 
The pulse width is converted to a voltage using an integrator and sample-and-hold if 
necessary. A voltage proportional to the velocity can be obtained by using an analog 
divider. In some arrangements, the voltage proportional to the pulse width is subtracted 
from some reference. While not strictly proportional to the velocity in this case, the 
effect is in the right direction. A problem that sometimes comes up with this sort of 
device is that the mechanical spacing of the contacts differs for different keys and the 
same velocity will produce different control voltages for different keys. 


Pressure sensing is a matter of adding some material to the keyboard so that a 
different voltage is output for different key pressure. Possible arrangements use 
conductive foam of the type used to ship CMOS IC's. Increased pressure on this foam gives 
a lower resistance. Some devices employ light that falls on a photocell. This light 
may be blocked partially by some resilient material (e.g., similar to weather stripping) 
that blocks more light as it is compressed. Some experimental devices use a plastic 
tube under the row of keys. Typically this might contain some fluid that would be 
compressed as a key is lowered and pressed against it. The pressure of the liquid would 
be monitored at one end by a pressure to voltage transducer. 


In other instruments that do not use a keyboard, similar translators may be used. 
Wind instruments for example may use some means of measuring air pressure or air flow. 
Air flow can be measured by having a flexible membrane move to let air pass and at the 
same time let more light fall on a photocell. Many devices which translate physical 
quantities into control voltages are under investigation to find those which work 
properly without imposing stylistic restrictions on the performer. 
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POLYPHONIC CONTROLS AND SYSTEMS 


The standard synthesizer is a solo voice just as is a trumpet for example. Thus if 
we want to make a polyphonic instrument, the most straightforward procedure is to put a 
synthesizer on each key of the keyboard (each string of the guitar, etc.). To do this, 
at present, this means that the actual synthesizer for each key must be simple and inexpen- 
Sive. An area of compromise is to have a limited set of synthesizer voices (complete 
synthesizer systems including VCO, VCF, and VCA with associated envelope generators) since, 
for example, the keyboard player seldom uses more than 6 to 8 voices and 10 would seem to 
be an upper limit unless the player is in the habit of pressing several keys with one 
finger or hitting tone clusters with the hand or forearm. If a limited number of voices 
are used for a larger number of keys, some method of assigning voices to keys as required 
is necessary. This means that the keyboard must be scanned for down keys and logic circuits 
circuits must assign down keys to unused synthesizer voices, and release voices when the 
key to which they are assigned is lifted. This is an inherently digital system. For 
most practical systems, the available voices must be identical (all trumpets or all tubas, 
not a mixture). If different voices are used, some sort of assignment must be used so 
that the desired voice comes up at the desired time. This might be something like a 
position rule (upper voice and lower voice) so that when there are two voices, the upper 
one is a flute and the lower is a trombone. The problem with such a system is that some 
decision must be made when there is only one voice (even during instantaneous releases of 
keys in one voice) so that uncontrolled responses do not occur and/or the player's style 
is inhibited. 


We describe below a two voice system that is often used with analog systems. The 
system, while clever, is subject to the limitions of the position rule. The engineer 
should be familiar with the method because it is commonly used, not because we are 
suggesting its use. The principle is illustrated by the example below: 


Standard 
Interface 
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Voltage 8IR 
SIR + Voice 2 
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The example shows an 8 note system. We assume that two keys are down. Since a current 
source is used, the standard interface gives the expected voltage of the lower note (3IR). 
The 6th key is also down, and we would want a voltage of 6IR from this. Since the 
current that would flow through three of the 8 resistors is shorted through the keyboard 
bus, the voltage at the top of the string is only 5IR, not 8IR as it is when only one key 
is down. We can however have a voltage reference 8IR available. With this arrangement, 
and the summation network as shown, the output is in fact the voltage O6IR. This does 
work and can be made quite accurate. However, it is the dynamic timing conditions, not 
he basic principles that make this difficult to use. 
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Digital Sequencers 


INTRODUCTION 


There are a wide variety of devices that are called sequencers. In fact, the 
variety is so great that two persons may be talking about two completely different things 
and think each other crazy when they discuss how they use them. Basically the sequencer 
is a device for producing a series of events, where the term events refers to something 
that occurs in time with certain musical properties. We will find it necessary here to 
form a rather formal operating definition of sequencers. 


Since there is such a wide variety of sequencers, and because people have a wide 
variety of applications for sequencers, we will just give some basic ideas on the design 
of sequencers. None of the circuits given is to be considered complete - there is just 
to much that can be done on an individual basis. The designer must use his imagination 
and consider the needs of the users. 


THE CHARACTERIZATION OF SEQUENCERS 


The essential features of a Sequencer are: 


1) The production of an ordered series (sequence) of "events" in time. An 
event in turn has the following properties: 

a) A start that is indicated by the appearance of some one of the 
properties of the event. 

b) Properties during the event (such as voltages that may be changing). 
These properties may have translations in musical terms - e.g., one 
of the voltages may control pitch. 

c) An end point, followed by a (possibly zero) waiting time to the next 
event. 
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An example of an event would be the appearance of a control voltage of 

4 volts at time equal to 10 seconds, and the disappearance of the voltage 
at time equal to 11 seconds. The event need not have a duration that can 
be humanly detected - it may be only a short trigger pulse that is detected 
by an electronic circuit and used to initiate some related event (such as 

a sequencer used to produce triggers for an envelope generator). 


2) The capability of programming the output events so that they appear auto- 
matically after an initial activation. 


3) Provisions for using the events to drive additional equipment for a variety 
of musical purposes. 


4) A known degree of control over the programming of the sequence. That is, 
we want to know if the output is completely defined, or random; if the 
events are all of equal duration or variable; if the outputs when converted 
to pitch will be restricted to equal tempered tuning or not, etc. 


The above definition may seem unnecessarily formal, but it does provide a basis for 
logical sequencer design and use. For example, a keyboard meets the first condition, 
but not the second, as a human hand is required for each step, and for each repetition of 
the sequence. If the action of the hands is recorded (as in a "player piano") then the 
result is a sequencer. A recorded piano piece would meet conditions 1 and 2, but not 3 
as the device would be used directly (i.e., you would listen to the music). If on the 
other hand, the recorded piano piece were fed to a pitch-to-voltage converter and the 
voltage were used to drive a VCO, the overall scheme could be considered a sequencer. 
Condition 4 is necessary as a practical matter, as we would like to know the types of 
Sequences we can expect so that it can be applied to the production of music. Since there 
are so many types of sequencers, the term "sequencer" is not enough to tell if it will be 
useful for the type of music the composer has in mind. 


BUCKET BRIGADE SEQUENCERS 


The first type of sequencers developed used digital logic counters in a "bucket 
brigade" manner. This is simply a counter circuit consisting of n stages with only one 
high stage at any one time. As pulses arrive to clock the counter, the high state moves 
down the line one step at a time. The clocking pulses may be regular or irregular. A 
position along the line has associated with it a potentiometer to select a portion of the 
voltage of the high state to be output. Such a circuit can be constructed from flip-flops 
as shown below: 
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This is a simple arrangement, but is not especially accurate since it sums the TTL 
voltages which are imprecise It may be satisfactory if the voltages are summed 
by ear, or diodes can be placed in the lines between the Q outputs and the pots. 
Another approach is to use CMOS for the counter. 


A saving in chip count can be achieved if packaged shift registers like the 74164 
is used. Note that the sequencer above would be reset by using the asynchronous controls 
on the flip-flops. Typically, the first flip-flop would be set high while all the others 
are set low. This would be achieved with a pushbutton for example. If the 74164 were 
used, this provides 8 flip-flops, but there is only access to the clear of these. Thus, 
it would be necessary to start the register with something like a 7476 which gives two 
flip-flops with preset and clear. 


Another popular approach employs a 4-bit binary counter and the type 74154 4-line to 
one line decoder. The basic idea is shown below. The counter could be a simpler 7494, 
but the 74193 allows counting in either direction (up from 1, 2, ...16, 1, 2, ... or 


down 16, 15, .... 1, 16, 15..... ). With the control arrangement shown, the counter 
runs up to a value set by the reset stage switch, then goes back down to 1 and starts up 
again and so on. It is easy to add switches to give up only, down only, or up-down. 


The outputs of the 74154 are all high except for the one that is addressed. Thus to 

use this as a bucket brigade, inverters should be added to the outputs. This is also 

a good idea because it eliminates loading effects of the control circuitry from reaching 
the voltage output. Open collector inverters can be used to advantage. 


e 
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BASIC STRUCTURE OF UP-DOWN SEQUENCER 


Another type of bucket brigade sequencer is one formed by cascading monostable circuits 
so that one goes high, and when it falls it triggers the next one high, and so on. This 
sequencer has two unusual properties. First, the times can be set independently and on 
a continuous scale, and the time will be the same when the same stage is reached again. 
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To do this with a digital counter would require synchronization of the counter and the 
clock, which is possible, but difficult. The second property is that two sequences can 
exist on the line chasing each other but in general, never meeting. This does not mean 
that the device operates as two sequencers, but that a higher level of complexity can be 
achieved with more correlation than would occur by just adding the outputs of two sequencers. 
It is also possible to add a flip-flop to the line so that the two chasing sequences will 
be treated in a different manner. This will likely cause them to collide and one will be 
annihilated. The basic sequencer stage used for the cascaded monostable sequencer is 
shown at the bottom of the previous page (see also EN#35). 


THE SAMPLE-AND-HOLD AS A SEQUENCER > 


A standard sample-and-hold module can be used to produce sequences. The S&H is used 
to sample some waveform in response to a clocking command. It thus produces a sequence 
of voltages that depend on the input waveform and the time at which the sampling commands 
arrive. Thus, a moderate variety of sequences can be obtained. Popular choices for 
the waveforms used as the input and trigger are shown below: 





INPUT SAMPLE COMMAND TYPE OF SEQUENCE 

Periodic Periodic (integer Periodic 
multiple of input) 

Periodic Periodic Patterned (long term periodic) 

White Noise Periodic Randon voltages, regular time 

Periodic White noise (with Random time, but voltage is predictable 
higher threshold) once time is determined 

White noise White Noise (with Random voltage, Random Time 


higher threshold) 


The reason for demanding a higher threshold when white noise is used as a sampling command 
is that this means that the sampling rate will be lower. If the white noise were used 
directly, the sampling rate would be too fast (see 2d (6)). 


DIGITAL SEQUENCERS 


An "all digital'' sequencer is basically a digital memory which can be programmed in 
various ways and recalled later. The memory generally stores two parameters, pitch and 
time. Pitch can be stored by just 6 or 7 bits if only an equally-tempered scale is 
demanded (as with devices programmed by reading a standard keyboard). More bits are 
needed (perhaps 12) if pitches are to be close enough that the ear hears them as continuous. 
Time is likewise quantized, hopefully to the point where the quantization is not detectable. 
Two approaches are possible for the storage of time. Each of the time intervals can be 
filled with a pitch value, or the total length of time that a pitch exists can be recorded 
as a digital word giving the number of basic intervals consumed. Fullmer (EN#54) indicates 
that the latter approach is much more efficient in the general case. 


Such a sequencer can be programmed in various ways. Having the device simply read 
the keyboard as it is played is a useful technique and one that is easy to learn. In 
addition, it is useful if the sequence can be later edited to make minor changes if this 
is necessary. 


It is possible that in the near future digital sequencers will be available as 
functions that can be obtained by properly programming a small computer. This is a 
useful approach as,Computer can be used for a variety of other purposes as well. 
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INTRODUCTION 


In chapters 5a through 7c, we have been concerned with the design of the smaller 
units of larger systems. For the most part, these have been electrical circuits that 
were organized into functional modules. At some point, all these have to be integrated 
into an overall larger system - even if this is only a matter of choosing how many of 
each particular module that are to be built and installed. 


In fact, the overall design of the system may be the most difficult, and the one 
requiring the most input from musicians. Perfectly designed modules that are not used 
to make music are of no use. 


There are three levels of overall design that the musical engineer is involved 
with. The first is the integration of electrical components to perform certain functions. 
This is the general process of modular design, particularly for the more complex modules. 
The second level is the selection of component modules to form a viable music system, not 
just a sound synthesis system. The final level is the setup of the system to perform 
a certain musical function. Typically this might occur when the engineer is called back 
to help the musician set up a patch on the system. All of these may have a very 
similar procedural base. The final degree of complexity is comparable in all three cases. 
The difference of level occurs because once the lower design is accomplished, it can be 
ignored except for the final result. The design of a VCO may have been trying, but once 
it is done, the engineer then has to take the waveforms for granted and work them into 
a musical system. 
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DESIGN STEPS 


STEP 1: The first step in design, as with most things, is to define the problem. 
For musical engineering, this involves two things: the musical requirements, and an 
evaluation of these requirements in terms of what is known about musical engineering. 
For example, a musician wants an instrument to produce a just tuned scale. Producing 
the instrument is the problem, but the engineering evaluation may show that different 
approaches are possible in terms of the accuracy with which the ear can detect pitch 


and the way the instrument is to be used. 


STEP 2: The second step is a literature search (or the equivalent gathering of 
information). Has the problem been solved? What is known about the problem? Can the 
problem be solved at all? In the search, has anything been learned that causes us to 
go back to step 1 for a reassessment? 





STEP 3: A trial design is the next step. This can be on paper, computer simulation, 


actual circuit, or whatever is appropriate. Assuming this is successful, we are led to 
the next step. 





STEP 4: Step 4 is construction and testing for basic function (e.g., the VCO is 
built and it does oscillate). This is the same as any field of engineering. 





STEP 5: Step 5 is a musical evaluation, a fairly difficult step. (e.g., the VCO 
does or does not track accurately enough for musical use.) Also, a device that meets the 
requirements of one musician may not meet those of another. 


STEP 6: The final step, assuming all others are successful, is to add refinements. 
This is frequently necessary with musical engineering, mainly because it is most difficult 
to assess the device before it is built. For this reason, the musical engineer should 
show an excess of foresight. In practical terms, this may be a matter of leaving an extra 
Op-amp on the circuit board, or drilling an extra hole in the panel in the event that 
something extra will be required. 





SELECTING THE NUMBER OF MODULES 


The selection of the number of modules and exact types can be very difficult. Some 
users know exactly what they need - other have no idea. Probably the most important 
thing is to try a few systems and see what seems useful, and then be prepared to expand 
an individual system as is necessary rather than getting it exactly right the first time. 


As a general rule, you never have too many VCO's or VCA's, and usually not too many 
envelope generators. VCF's are more specifically oriented toward subtractive synthesis. 
Other devices depend on the user. It is probably well to have one of each of the common 
special devices (balanced modulators, sample-and-hold, noise sources) to see how they work. 


As a rough guide, we show at the top of the next page some typical requirements. The 
basic system would be for the builder just starting out - what he really needs to get 
a feel for what is going on. The medium user system is for the serious experimenter and 
the individual composer. The large studio system is for the academic studio or very serious 
(and financially successful!) composer. These figures could well be altered by the use of 
computers in the system. Very soon, computers may be practical at the medium user level. 


Musical engineers pursuing special lines of research will have special needs and may 


have to overbuild one part of the system. This may make it less suitable for the typical 
musician. 
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SUGGESTED NUMBER OF MODULES 


Module Basic System Medium User Large Studio 
VCO 2 4 - 6 7 - 10 
VCA 1 2-3 4-5 

VCF 1 2-3 4 - 6 
Envelope Generators 1-2 3 - 6 6 - 10 
Multipliers a 2 4 
Sample and Hold 1 2 4 

Noise Source 1 2 4 
Controllers 1 2 3 - 6 
Frequency Shifters 0 O-1 1 

Pitch Follower 0 - 1 
Envelope Follower 0 - 1 1 
Analog Delay Lines 0 1 1 - 3 
Filter Banks 0 1 2- 
Sequencers 0-1 1-2 2-5 
Computers 0 O-1 1 

k k * k k k k k * k k x * * * * k x 


BREAKING DESIGN DEADLOCKS 


The designer who has never found himself up against a brick wall as fars as making 
progress with his design is indeed lucky. This will typically occur at the lowest 
level (modular design) and the highest (setup for specific musical purposes). At the 
middle level, he can always use a table such as the one above, or at least a decision 
can be made and work can go on. The real problem is when there seems to be no place 
to turn. The following suggestions may help: 


1) Apply the principles of troubleshooting, starting with the (false?) premise 
that the thing should work, and that there is only some incidental fault. This should 
help pinpoint the problem. 


2) Do an additional literature search - even from a seemingly unrelated field 
or from a different point of view. 


3) Get another view from a person who is capable of solving problems on the same 
general level that you are, and who is in a position to appreciate your problem. They 
may pick up something you missed. Also, such a person may make what seems to be a 
silly suggestion (and it may be in fact silly) but in the process of telling him why 
it won't work, the original designer may gain insight into the problem. 


4) Write the project up. Write down what works, what does not work, and why 
certain approaches are not possible. Write this as though you were defending your 
design. Write it in detail. This is helpful for making sure you understand everything 
you have done so far. Often I have been writing up projects for EN and find myself 
headed back to the test bence kicking myself for not doing something the easy way. 
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DOCUMENTATION 


Documentation can be as important to a design as it is to a finished project. The 
individual designer should not be fooled into thinking he knows enough about his design 
that he will never forget it. 


Once a basic design is worked out, a complete sketch should be made. If this is 
not done, certain parts of the circuit will probably be left out and forgotten until it 
gets to the testing stage. These diagrams need not be particularly neat, but they 
should be complete. Instead of redrawing circuits from published projects, a reference 
or a photocopy will serve. If the designer is not familiar with the published circuit 
however, redrawing the circuit may be very useful. 


Another question that comes up is in regard to the format for a set of working 
plans. Such things as circuit board sketches and wiring lists may be useful if the 
builder is someone unfamiliar with the design. However, the original designer is 
most likely familiar enough with his design that he can work from the schematic. Some 
builders working from schematics like to go over the schematic with a colored marker 
as they put in connections. Working diagrams to be used by the system designer in 
his construction should use the terms that are most familiar to him in terms of the 
electrical functions of components. Thus, it is more useful to denote something as the 
"Q" output of a flip-flop rather than pin 15 of IC-5 for example. Working diagrams 
should give both where this is necessary. On the other hand, many builders know the 
base diagram of a typical op-amp inside out and the pin numbers just confuse the diagram. 


Assuming the design goes well and everything works, the next step in documentation 
depends on what is to become of the actual device. If the designer is going to use it 
himself, it may be enough for him to just take a few minutes to go over his working 
diagrams and make a few notes. If it is to be turned over to another user, it is not 
absolutely necessary that the diagrams be any neater, but any individual conventions 
used in the documentation should be spelled out. Projects for publication are a special 
problem. The diagrams will probably have to be made neater, and some work will have 
to be done on description. Specific problems that will come up will probably be in the 
notation of parts. There will likely be several parts in the design that are non-standard. 
They may have come off a surplus board or be a precision part that just happened to be used 
even though it was not necessary. If the part is listed as it really is, some builders 
may waste months trying to find it. Here the designer will have to use his own judgement 
as to whether other parts will obviously work, or if they must be tried. 


Probably the most important thing about documenting a design is to realize that 
accuracy and completeness are more important than neat drawings and typewritten descriptions. 
A component notation scribbled in and a note scratched in even poor handwriting is 
infinitely more useful than one that never got in because the designer did not have time 
to redraw the circuit or have the page retyped. Too many essential changes are never noted 
because the designer intended to do it in a "professional" manner later. 
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INTRODUCTION 
There are surely as many individual construction procedures as there are 
individual builders. The technique described below is a "topside" technique, all 


components are mounted on the top (foil) side of the board. No drilling is used. 

The outstanding advantage of this is that everything is in plain sight. The major 
disadvantage is that things are not as compact as they could be with construction on 
both sides. It will not be suitable for all requirements, but for the individual 
one-time construction of single modules, it is very useful. It is cheap. It is fast. 
It is mechanically sound and allows easy alteration. 


PREPARATION OF CIRCUIT BOARDS 


The first step is to select the proper sized piece of blank circuit board. 
It is useful to roughly lay out the IC's and any large components on the board 
to get some idea as to whether or not the board is the proper size. Next, the 
board should be cleaned of tarnish. Steel wool and scouring powder will do this. 
Complete the cleaning with circular motion to make sure that all the scratches 
are not lined up. 


Next, consult the schematic diagram and any sketches you have made and lay 
out the IC's on the board. Once the position is correct, use a pencil to mark 
the positions of the IC leads. Then you are ready to begin painting the board. 


The paint to be used should be some sort of fast drying lacquer and should 
be thinned with lacquer thinner so that the cover is very light. The brush used 
should be a very fine artist type, and it should not be clean. Old paint should 
be allowed to dry in it to stiffen it up a little. This will make painting with 
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GENERAL IDEA OF THE 
TOPSIDE CONSTRUCTION 
METHOD 





it more like writing with one of those felt marker pens. You then start to paint 
the board and do your design as you go. Do this with some care as if you accidently 
make a connection that is not correct, it is difficult to wipe the paint clean 
enough so that it will not interfere with the clean etching out of the accidental 
connection. If you do make such a mistake, it is best to let it dry, and scratch 
the paint off with a sharp object. It is quite likely that you will at some 
point "paint yourself into a corner" and find that some necessary connection can't 
be made with the paint. This is the point where you must accept the fact that a 
wire jumper or two will be necessary. Once the board wiring pattern is painted, 
you will want to enlarge some of the ground areas so that you will have some place 
to drill the board for mounting. 


When the paint is dry, the board is ready for etching. A useful technique 
is to float the board on top of the Ferric Chloride etchant. This type of etchant 
is available from electronic supply outlets or hobby type electronic stores. It 
can be poared into one of those polyethylene food storage boxes and covered when 
not in use. Floating the board is not too difficult if it is set down carefully. 
However, the board should not be set down perfectly flat, as this will almost 
certainly cause bubbles to be trapped underneath, and you will have to etch twice. 
Instead, set the board down at a very slight angle so that the etchant flows along 
the lower surface smoothly. Then level the board off and release it, and it should 
float. Leave it there for about 20 minutes, then remove it and rinse it off. If 
you find any areas of incomplete etching, put it back again. When the etching is 
complete, rince the board thoroughly. 


To remove the paint, use the lacquer thinner. Drop on a few drops. If this 
seems to dissolve the paint completely, hold the board over your paint can and let 
drops of the thinner run off the board into the paint can. This serves three 


purposes: (1) it cleans the board, (2) it recycles your paint, and (3) the thinner 
is returned to the paint and keeps it easy to use the next time. 


When most of the paint is off the board, return to the steel wool and scouring 
powder and clean the board again. Rince the board off thoroughly and then dry it 
without delay. 


The board is now ready to use. Several preliminary steps may be considered 
first however. First, any holes should be drilled. Secondly, you may want to 
coat the copper traces with solder. This is a simple manner of just melting a thin 


cover of solder on the board. It makes it easier to solder components to, prevents 
tarnish, and will often repair any hair line cracks in the copper traces. If you 
get too much solder on, turn the board over and remove it by allowing the solder to 
run down the soldering iron by gravity. You may want to leave a heavier coating 
of solder on any thin grounding traces to lower the resistance. 
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SOLDERING AND SOLDERING IRONS 


This is a good point to talk about soldering and soldering irons, and this 


really applies to any construction technique. Buy a good grade of rosin core 
solder - do not skimp on what you pay for solder, as if you do you will pay for it 
many times over in frustration and lost time. I recommend "ERSIN Multicore" 60% 


tin, 40% lead in 1/16" diameter or less. Kester's "Resin 5" in the same small 
diameter is a good second choice. 


For printed circuit work or other construction techniques, you need a small 
low wattage "pencil" type soldering iron. The inexpensive "Ungar" irons are a 
good choice. These irons consist of a handle, a heating element, and a tip which 
screws into the end. Select a heating element in the range of 27 watts for IC 
work. Select a copper tip with a conical end, not a wedge end. Higher wattage 
elements are not necessary and will likely just burn up the tips faster, and burn 
off the rosin flux in the solder before it has a chance to do its work. IC's can 
generally take a lot of heat, so it is not necessary to use a low wattage element 
for that reason, but the point is that if you can't easily work with a 27 watt 
element, you are probably using too much solder. The soldering iron tips do 
burn away, and that's the reason they do screw out and are replaceable. When they 
Start to burn away, they do not do so uniformly, but form pits, rough spots and 
even hooks on the end. It is important to realize that the best sort of tip is 
one that is rounded as shown below: 


_ >_> 


Properly Filed Tip Badly Burned Concave —- Needs Filing 


With this type of tip, solder tends to run off the tip and onto the connection. 
As the tip burns away, it usually becomes concave, and solder tends to stick to 
the iron. It is thus important to frequently (at least every hour) remove the 
tip, file it round again, and retin it. It is not necessary to cool the iron to 
do this. The tip can be removed with a pair of pliers and it will cool rapidly. 
Also, it is a good idea to loosen the tip and retighten it from time to time 
between reshaping. This assures that it will not set up and become difficult 
to remove, and also breaks up any oxide layer that develops that makes heat 
transfer to the tip incomplete. 


WIRING OF CIRCUIT BOARDS 


Now, returning to the board you have prepared, the next step is to mount 
all the IC's except for any CMOS which should be mounted after everything else. 
To mount an 8-pin "mini-DIP"” IC, you add a little extra solder to the board at 
the places where the IC leads will come in contact with the board. Then hold the 
IC in position and draw the soldering iron tip along the leads at the point where 
they contact the board. This should solder all the leads on one side at one 
time. Removing the IC later should it become necessary is just about as simple. 
The story is a little different with 14-pin or 16-pin IC's as there are more leads 
on one side and it is hard to heat them all rapidly enough so that the solder is 
in a liquid state on all of them at one time. Repeating the procedure outlined 
for the 8-pin IC will work for mounting, but removal is difficult. Thus for 14 
or 16 pin IC's, I recommend mounting them a little above the board. To do this, 
apply small mounds of solder to the board under the corner pins. The IC is then 
placed above these mounds and the corners are soldered without forcing the leads 
down through the solder to contact the board. The other leads can be soldered by 
allowing solder to flow between the soldering iron and the IC pin and onto the 
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circuit board trace. The IC is thus mounted a little above the board. Check this 
carefully for good connections. The advantage of this comes when it is necessary 
to remove the IC (and sometime, you will have to remove such an IC). The board is 
held so that solder will run away from the lead and onto the iron. Done carefully, 


you can lift the IC off. The clearance of the IC above the board should be only 
about 1/32 of an inch. 


Next, the PC board wiring can be completed. The two most important tools 
here are clips: alligator, and nail. The ordinary nail clipper is an excellent 
wire cutter for small components. The alligator clip serves to hold small 
components while soldering. (Hold a 1/4 watt resistor with 1/4 inch leads in your 
fingers while soldering and you will see it gets too hot to hold.) The alligator 
clip can be used to hold the component body, or its leads, and is also very useful 
for removing components. Choose an alligator clip that has jaws that dont quite 
match properly, and this may also be an excellent wire stripper as well. 


If you have already tinned the entire board, components can be mounted by 
bending and cutting the leads to the proper length, tinning the ends of the leads, 
and then simply touching the leads to the board and heating briefly with the 
soldering iron. Since you only have two hands, and you have three things to hold 
(component, solder, and soldering iron), you have to develop a system. Fortunately, 
all electrical components have at least two leads. This means that you can just 
"tack-solder" one of the leads to hold the component in place. This is the purpose 
of tinning both the board and the leads of the component, as there will be enough 
solder on the two to hold. Once tacked in place, you can release the component 
and pick up the solder. Reheat the connection and add a little solder to complete 
the connection on one side. When this hardens, reheat and add solder to the other 
lead. 


In many cases, it is necessary to run wires from points on the circuit board 
to the panel controls. In such cases, tinning becomes very important as you will 
not be able to rely on the other end of the wire to hold the first end in place. 
It is therefore a good idea to leave wider traces or provide soldering "pads" 
at the points where wires must be connected. 


A very useful extra "component" is the wire jumper which you use to take 
care of the connections that you couldn't make with circuit board traces. If 
these jumpers are long, use insulated wire. For short ones, you have all the 
short jumpers you need all over your bench - the component lead trimmings. These 
trimmings can also be used for other purposes as well. Connect these at one end 
at various test points and the wire sticking up is a useful test terminal that 
can be removed later if desired. It is also an excellent idea to put in some 
intentional breaks in some of the traces and bridge these with wire jumpers when 
you mount the other eomponents. The purpose of this is to open up the line later 
if this is necessary for troubleshooting. They thus form breakable test points. 






Piggy-Back Mount 


Elevated Mount for 
; solder common pin 
14 pin or 16 pin DIP 


/’ 


€<-——~ extra solder elevates corners 
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Sooner or later, you may have to make use of the "piggy-back IC". If you 
forget to leave room for an op-amp somewhere, or later need to add one for some 
other purpose, you may be able to mount it above an existing IC. The basic 
idea is to bend up all leads of the IC that have different connections from the 
lower IC. There will usually be at least two leads in common (the power supply 
connections). These are soldered to the lower IC, and components are soldered 
between board traces and the IC leads. For some reason, this often works out 
very well if the existing IC position is carefully chosen. | 


PANEL PREPARATION AND WIRING 


The choice of panel type, material, and the panel layout is a matter of personal 
choice and design. Unlike other electronic circuits, electronic music modules will in 
general have a very large number of controls and will require a good deal of panel space 
relative to the number of components on the circuit board. Correspondingly, there will 
be a good deal of panel wiring to do. In fact, it may take as long to wire the panel as 
it did to do the actual circuit board. 


The recommended panel material is aluminum, 1/8 inch thick or a little thicker. 
It is suggested that enough planning be done so that the entire panel can be drilled at 
one time. This is much easier, and avoids the danger that later drill turnings may fall 
into completed circuitry and cause shorts. Once all the holes are drilled, all loose 
drill turnings should be broken free. It is not necessary to remove hole rims resulting 
from the drilling or to countersink the holes. In fact, a little burr may improve the 
electrical contact between the panel and the mounting hardware. Bear in mind that most 
of the necessary grounds are available as contacts to the panel. 


The next step is to do all the wiring on the panel. This should be done neatly and 
as simply as possible, and with solid rather than stranded hookup wire. This means that 
all on-panel wires can be kept out of the way when it comes to wiring between the panel 
and the circuit board. Finally, the wiring between the panel and the circuit board can 
be done. This should be done with stranded wire unless the panel and the circuit board 
are and will always be mechanically fixed relative to each other. Keep these wires to 
a minimum. It is often the case that a single point on the circuit board runs to several 
panel points. There should be only one wire from the board to the panel in this case, 
and the other connections are on-panel connections. When there are two wires which 
may be interchanged, run them as a twisted pair. This will be the case for example when 
wires run to a pot as a variable resistor. [The easy way to make twisted pairs is to cut 
two long lengths of wire and string them across the room, attaching the far end securely. 
Stretch them parallel and place the other ends in an electric drill. Press the trigger 
and you get neat and easy twisted pairs. ] 


LIVING WITH PATCH CORDS 


Probably the most reliable patching system is the one employing standard 1/4" 
phone plugs and phone jacks. The best way to obtain reliable patch cords is to buy the 
cables with the plugs molded on. However, for a number of reasons (expense, need for a 
custom item, etc.) you may want to make up your own. Also, most studios have cables 
around that are in need of repair. The following is a technique for attaching plugs to 
cables that works very well. (see diagrams on next page). 


1) First of all, take the phone plug apart and slide the plastic handle over the 
cable so that you don't forget it later. 

2) Next, use a sharp knife to put a lengthwise slit in the outer insulation for 
the last 1/2 inch of cable. It is hard to avoid cutting the shield wires while doing 
this, so cut them too if necessary, it won't matter later. 
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Bare (23") 
Insulated (5$") 


Step 5 





Strain Solder 


(Relief) ree: 









Solder Step 7 





3) Pull back the outer insulation and keep on pulling, tearing the outer insulation 
another 3/8 inch beyond the end of the slit. Cut off the pulled back insulation, being 
careful not to cut the shield wires. 

4) Unravel the outer shield wires. Many of the small wires you cut while making the 
initial slit will fall away. Twist up the remaining shield, tin with solder, and trim to 
1/4 inch. Carefully expose 1/4 inch of the center conductor, leaving 1/4 inch of the 
inside insulation. Twist and tin the inside conductor too. 

5) Remove the screws (if any) from the phone plug tabs. Bend down the larger tab 
as shown. Put a blob of solder along the length of this tab as shown. 

6) Prepare a 8 inch length of #22 solid hookup wire as shown, removing about 2-1/2 
inches of insulation. Push the center conductor of the cable up through the hole in the 
smaller tab (but do not solder yet). Now solder the shield to the solder blob, and also 
solder the bare end of the #22 wire slightly to the rear of this point as shown. 

7) Wrap the bare wire as tightly as you-can around the cable and the larger tab. 
Plan this so that the first loop is clear of the center conductor, and so that the last 
bare loop just passes over the empty screw hole of the larger tab. Continue winding the 
insulated part of the wire down the cable to form a sort of "Strain relief." Now, the 
center conductor has been pulled down through the hole in the smaller tab, and can 
be soldered as no more tension will be applied to it. Also, solder the bare wire at the 
empty screw position just enough to hold it. Do not solder this further up as the heat 
may melt the center insulator and cause a short. 

8) Bring up the plastic handle, and slide it over the strain relief. If it is not 
fairly tight, back it off and wrap the strain relief with a turn or two of plastic elect- 
ricians tape, and repeat if necessary for a tight fit. 


A couple of other hints: 1) When making up cables, a good way to hold the plug is 
to insert it into a jack. You can use any handy jack, or mount one on your bench for 
this purpose. 2) Storing patch cords is always a 
problem. One way which a lot of people use is shown 
at the right. You simply take a length of 1x4 or 
1x6 lumber and make saw slits in it. Then knock 
out the wood inbetween with a screwdriver blade. The 
lumber is then mounted so that the cables can hang down. 
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CHAPTER 8C 


TROUBLESHOOTING 


CONTENTS: 
Introduction 
Checking the Obvious 
Learning What Should be Happening 
Isolating the Trouble 
Some Troubleshooting Rules 
Checking Certain Modules 
Troubleshooting Designs and Patches 


Special Problems and Techniques 


INTRODUCTION 


When is troubleshooting necessary? Quite simply, whenever something is not working 
properly. This may be when a new module design fails to work as predicted, when one that 
was working quits, when a patch out of a book does not work when implemented, or when a 
new idea fails to give the expected results. 


Troubleshooting is the process of finding out what is wrong - not the process of 
correcting the trouble. In many cases, correcting the problem once it is found is 
quite trivial. In other cases, there is no way of fixing it - the idea just does not 
work out. 


The process of troubleshooting is basically the same in all cases, and the lessons 
learned troubleshooting a car for example may be useful for electronics. Lessons learned 
troubleshooting a patch may help in troubleshooting a module. Efficient troubleshooting 
is essential for efficient operations. In some cases (e.g., when putting on a demonstrat- 
ion), efficient troubleshooting is essential to keeping one's sanity! 
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CHECKING THE OBVIOUS 


The obvious things to check start of course with the proverbial "is it plugged in?" 
and go on through such things as wiring errors, missing parts, poor soldering, solder 
bridges (shorts), hot IC's, and other basics. A good check list might be: 


/ / Are any IC's hot (really hot, not just warm)? If so, turn the power off and 
skip the power checks below. 


/_/ Are the power supply voltages correct (or is the supply shorted)? 


/ / Do all the IC's have the correct power supply voltages at their supply pins 
(checked above the solder)? | 


/ / Check all the ground points for a good ground. A good way to do this is to 
touch the scope probe with your finger causing 60 Hz hum to be displayed on 
the screen. Touching this to a ground should make the hum disappear. 


/ / Check for wiring errors. Do this thoroughly and methodically. If possible, 
have someone else check your wiring, or check your own as though it were 
someone else's. 


/ _/ Check for a bad IC if this is fairly easy. However, relatively few problems 


will be caused by bad IC's unless you got an "unbelievable" surplus "bargain." 


/ / Check any suspicious solder connections. 

/ / Do you really understand how the device is supposed to be used. Does it need 
some input or control signal that you are not giving it? Is some control set 
wrong? 

/ Were corrections to the circuit published later? 


LEARNING WHAT SHOULD BE HAPPENING 


The most important thing about troubleshooting is to know how the circuit is supposed 
to work. Few of us can resist the temptation of just building the circuit and trying it. 
Once in a while, it works. Often it does not, and after you check the obvious with no 
improvement, you have to face the fact that it is now necessary to know how the thing is 
supposed to work. 


This means reading circuit descriptions of just figuring it out, but it has to be 
done. In a larger sense, learning the electronics of the circuit won't do you any harm. 


ISOLATING THE TROUBLE 


This is a very natural approach that you use everyday, but it can usually be done 
more systematically, and there are ways you can be fooled. 


You probably tested the device by checking for an output, and this was in some way 
unsatisfactory. But if for example, it was the sine wave output that you checked, and 
there was no signal at all, you won't start troubleshooting the sine wave shaper since 
you know this needs a triangle wave to drive it. You check for the triangle at the 
input of the sine shaper - because it probably isn't there. 


Eventually, you trace the circuit back, either step by step, or by checking a few 
likely and important points. Hopefully, you will find a place where the circuit is 
working properly, and this should pretty well isolate the problem. If no working area 
is found, it is probably the case that something is locked up, and all voltages remain 
constant. 
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Such a lock-up is typically caused by an op-amp output that is at + or - the 
supply voltage while it should be a signal balanced around ground (due to negative 
feedback). If you locate this op-amp. it will probably be the case that the different- 
ial input voltage is not zero (because it is a good op-amp and its output is pinned). 
Then the problem is finding out why the differential input is not zero, why the negative 
feedback loop has failed. 


There are ways in which the isolation method can fail or fool you. A very common 
case is where there is an overall feedback loop and everything around the loop is 
malfunctioning (naturally). If possible, you have to break the loop and operate the 
circuit or parts of it open loop until the real fault is found. In any case, don't be 
fooled into thinking that because the first stage in the loop is not working properly 
that this is the offending stage. There is no real starting point in such a loop. If 
you can't break the loop, you have to troubleshoot "on the run." 


SOME TROUBLESHOOTING RULES 


Don't look for complicated explanations - just Simple ones. Bad parts are rare 
unless you have done something wrong in the wiring that will destroy a good part. 
Changing parts can take a lot of time. Construction errors are much more probable. 


Don't hesitate to make the effort necessary for a crucial test. If you know of 
a sure test, even if it will take quite a bit of effort and time, do it. 


By all means take frequent breaks away from the actual troubleshooting. Sit down 
with a pencil and paper and try to figure out what is going on and a few new tests to 
make. Take the time to think the thing out rather than just probe around at random. 


If you have a fault in one part of a complex system, and it occurs just after you 
made a change in another part of the system, even if it seems impossible, there is a 
99% chance that the fault is due in some way to the change you made. This is a hard 
lesson to learn, except by encountering it yourself frequently. 


Count the IC's in the circuit. If there are 5 or fewer, the circuit should work 
the first time or should be easy to fix. If there are more than 10, there will likely 
be one or more malfunctions. A good bet might be one fault for each 10 IC's if you 
made the whole circuit yourself from scratch. 


CHECKING CERTAIN MODULES 


VCO's: VCO's generally have no loops except in the main oscillator. If there 
is no output at any of the waveshapers, the main oscillator is probably not working. 
Once this is isolated, it may be best to isolate the current source to the oscillator 
from the main oscillator. This may be a simple matter of using a substitute current 
source (such as a single resistor to one of the power supplies). This should isolate 
the trouble in either the current source, the main oscillator, or in one of the wave- 
shapers. 


VCA's: VCA's are generally quite simple and it is unlikely that anything except 
an obvious fault will occur. If it does, it may be the lock-up of some op-amp output 
(due to lack of feedback, typically a transistor in the feedback loop will be malfunct- 
ioning). Another possible problem is an overdriven input. 





VCF's: A VCF like the state variable is a complete loop. If there is a break 
in the loop, the whole loop will likely lock up with various points pinned at one supply 
or the other. Voltage-controlled Q stages may malfunction and lock up the loop. Other 
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types of VCF's are usually not as subject to loop problems (because they do not rely on 
the loop for DC stability). Such filters may have faults in one stage that propogate 
to the output, but this is usually easy to check, particularly if the first stage is 
working and can serve as an example. The current source may be isolated as in the VCO. 


Envelope Generators: The "AR" part of an envelope generator is likely an open loop 
and is easy to troubleshoot. The "AD" part is a closed loop, and the analysis is 
complicated because there are generally comparators in the loop that work at power supply 
voltages anyway. One useful trick is to trigger the stage from an oscillator so that 
both hands can be used for: troubleshooting. 


TROUBLESHOOTING DESIGNS AND PATCHES 


Most new designs start with many familiar building blocks that are more or less 
Standard circuits and relatively fool-proof. The first step in troubleshooting a new 
design is to be sure these are working properly. In troubleshooting a patch, the user 
must be certain all the modules (and the patch cords) are working. It would be a shame 
to have a good design discarded because an inverting amplifier was not working, or a 
good new patch ruled out because a patch cord was open. 


Beyond this, the designer can troubleshoot various combinations of building blocks 
to make sure that they work together. If the entire system still fails he has to work 
with various contrived test conditions and/or a theoretical analysis to see if there is 
a correctable problem of if the idea must really be discarded. 


SPECIAL TECHNIQUES AND PROBLEMS 


One advantage of modular systems is that you often have more than one of the same 
circuit. If one of them works while the other does not, you have in the working model 
the perfect tool to troubleshoot the non-working one. This is extremely useful for 
isolating sections that are properly working. On the other hand, if a non-working section 
is found, this does not in itself indicate that the fault lies there. There might be a 
fault in some other stage that is causing the trouble. The entire thing must be checked. 


One special and all toofamiliar problem is the "intermittent." This is the sort of 
thing that works some of the time only. If it can be made to work or not work according 
to some action that the user can control (for example, if the circuit board is pressed 
in one point it works), then it should be quite easy to fix as the working and non-working 
conditions can be examined. If it can not be controlled, the troubleshooter may be in 
for a real test of his skill and a supreme test of his patience. Very likely, the unseen 
factor is heat. Heat can often be applied with a soldering iron, or with a heat gun or 
hair dryer, and this may make the fault appear. In any case, this sort of problem is 
one which has to be corrected as it is the most annoying during use. 
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CHAPTER 9A 


MATHEMATICAL TABLES 


CONTENTS: 
Introduction 
Constants and Conversion Factors 
Fractional Roots of Two 
Rules for Logs and Exponentials 
Trig. Identities 
Relations between Exponentials and Trig. 
Relationships with Bessel Functions 
Tables of Trig. Functions 


Tables of Bessel Finctions (Jo and I) 


INTRODUCTION 


It is the purpose here to give useful math data that would be fairly difficult to 
find elsewhere. Available space limits the amount of data that can be included here, 
so many common and useful tables are not included because they are readily available 
in standard references, or are standard functions of pocket calculators. 


Those needing additional data may consult the standards such as: 


CRC Math Tables [Chemical Rubber Company, Yearly Editions] 


ee SEE NEES 6 SSESNNERSDNCNUNSE | Reece ASSREEESS 


Schaum's Outline Series, McGraw-Hill (1968) 


M. Abramowitz & I. Stegun, Handbook of Mathematical Functions, 
Dover (1965) 


CONSTANTS 

7 = 3.14159 26535 89793 23846 ..... 

e = 2.71828 18284 59045 23536 ..... (base of natural log) 
log 2 = 0.69314 71805 59945 30941 ..... 
21/12 = 1.05946 309.. 12.02 cence veces 


ya 
il 


B 8.6167 x 107° electron-volts/°K (Boltzmann' 


S Constant) [at room temperature, 


approximately 300°K, k,T is approximately 26 millivolts] 


2 
lI 


CONVERSION FACTORS 
5/7.29577 95131 


1 radian = 57.29577 95131 ..... degrees 

1 foot = 0.3048 meters 

1 ounce = 0.02834952 kilograms 

°Fahrenheit = 32 + (9/5)°Celsius [°Celsius 

FRACTIONAL ROOTS OF TWo (2//" for n = 

n gi/a n gi/n 

“I 200000000 21 1.03355778 
2 1.41421356 22 1.03200827 
3 1225992104 23 1.03059554 
4 118920711 24 1.02930223 
5 1.14869835 25 1.02811382 
6 1.12246204 26 1.02701805 
7 1.10408951 27 1.02600448 
8 1.09050773 28 1.02506421 
9 1.08005973 29 1.02418956 
10 1.07177346 30 1.02337389 
ll 1.06504108 31 1.02261143 
12 1.05946309 32 1.02189714 

13 1.05476607 33 1.02122660 
14 1.05075663 oe 1.02059590 
15 1.04729412 35 1.02000160 

16 1.04427378 36 1.01944064 

17 1.04161601 37 1.01891028 
18 1.0392 5922 38 1.01840809 

19 1.03715504 39 1.01793188 

20 1.03526492 40 1.01747969 


1.6019 x 10-19 coulombs (Char 
given in eV/°K as it is above ] 


RULES FOR LOGS AND EXPONENTIALS 


a b atb 
°*X =x xo /x = x 


x 
Log, (xy) = Log, (x) + Log _(y) 


a 
Log x =p Log x 


L = 
oe 


2.3026 Log, ox 


Log,x = 


b a-b 


(x) 


ge of the electron) [Note that q = 


a,b 


1 when k, is 


= °Centegrade = °Kelvin - 273] 
1 to 60) 
: ol/n 
kl =: 1.01 704974 
ho 1.01664043 
43 1.01625032 
lady 1.01587808 
5 1.01552251 
hé 1.01518251 
47 1.01485709 
48 1.01454533 
ig 1.01424638 
50 1.01395947 
51 101368390 
52 1.01341899 
53 1.01316414 
5h 1.01291879 
55 1.01268242 
56 1.01245454 
57 1.01223471 
58 1.01202250 
59 1.01181753 
60 1.01161944 
ab 
= x 


Log, (x/y) = Log. (x) - Log (y) 
Log ,x = Log, x/Log, a 


Log, ox = 0.43429 Log .x 


1.442695 Log .x 
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TRIG IDENTITIES 


Sin A= y/r Cos A = x/r Tan A = y/x 
Csc A = r/y Sec A = r/x Cot A = x/y Ps 


by the Pythagorean theorem: Sin*A + Cos%A = 1 


Sin(A+B) = Sin A Cos B + Cos A Sin B Cos(AtB) = Cos A Cos B ¥ Sin A Sin B 
Sin A + Sin B = 2 Sin“s"Cos“—= Sin A -— Sin B = 2 Cos Sin“ 
Cos A + Cos B = 2 Cos“5"Cos“>~ Cos A — Cos B ® 2 Sin Sin 


SinA -Sin B = (1/2) [Cos(A-B) - Cos(A+B) ] 
Cos A -Cos B = (1/2)[Cos(A-B) + Cos (A+B) ] 
SinA -Cos B = (1/2) [Sin(A-B) + Sin(A+B) ] 
See also: Chapter 2b, pg. 4 


RELATION BETWEEN EXPONENTIALS AND TRIG FUNCTIONS 
Euler's Identity: a’ = Cos: + jSin6 where j = y-1 


je -j6 j8 =30 
Thus: Sin’? = ——-———— Cos9 = eed an 


RELATIONSHIPS WITH BESSEL FUNCTIONS 


Sin x = 2[J, (x) = J4(x) + J, (x) — seen] Cos x = J, (x) -25, (x) + 25, (x) — tee. 


HI 


JOO +25, (x) + 25, (x) + sees x = 2[5, (x) + 35, (x) + 53, (x) a ete] 


- 
i 


J Ax) + 25x) + 25 2x) + ++++ (conservation of energy, linear FM) 


Cos(x Sin y) Joo) + 2[ J, (x) Cos (2y) + J, (x) Cos (4y) as es Get ae, a ] 


Sin(x Sin y) 2[J, (x)Sin(y) + J, (x)Sin(3y) + J, Gx) Sin Gy) +e es es 6 » ] 


Cos(x Cos y) J (x) - 2[ J, (x) Cos (2y) - J, (x) Cos (4y) + J, (x) Cox (6y) - 2 6 6 + J 
Sin(x Cos y) = 2[J, (x) Cos(y) - J, (x) Cos (3y) + J, (x) Cos (Sy) -J5 (x) Cos (7y) + . 


I (x) = a eax) where j = square root of -l 
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TRIG FUNCTIONS (Angles in Degrees) 


ANGLE SINE COSINE TANGENT ANGLE SINE COSINE TANGENT 
0 0.000 1.000 0.000 
1 0.018 1.000 0.018 46 0.719 0.695 1.036 
2 0.035 0.999 0.035 47 0.731 0.682 1.072 
3 0.052 0.999 0.052 48 0.743 0.669 1.111 
4 0.070 0.998 0.070 49 0.755 0.656 1.150 
5 0.087 0.996 0.088 50 0.766 0.643 1.192 
6 0.105 0.995 0.105 ok 0.777 0.629 1.235 
7 0.122 0.993 0.123 52 0.788 0.616 1.280 
8 0.139 0.990 0.141 53 0.799 0.602 1.327 
9 0.156 0.988 0.158 54 0.809 0.588 1.376 
10 0.174 0.985 0.176 55 0.819 0.574 1.428 
11 0.191 0.982 0.194 56 0.829 0.559 1.483 
12 0.208 0.978 0.213 57 0.839 0.545 1.540 
13 0.225 0.974 0.231 58 0.848 0.530 1.600 
14 0.242 0.970 0.249 59 0.857 0.515 1.664 
15 0.259 0.966 0.268 60 0.866 0.500 1.732 
16 0.276 0.961 0.287 61 0.875 0.485 1.804 
17 0.292 0.956 0.306 62 0.883 0.470 1.881 
18 0.309 0.951 0.325 63 0.891 0.454 1.963 
19 0.326 0.946 0.344 64 0.899 0.438 2.050 
20 0.342 0.940 0.364 65 0.906 0.423 2.145 
21 0.358 0.934 0.384 66 0.914 0.407 2.246 
22 0.375 0.927 0.404 67 0.921 0.391 2.356 
23 0.391 0.921 0.425 68 0.927 0.375 2.475 
24 0.407 0.914 0.445 69 0.934 0.358 2.605 
25 0.423 0.906 0.466 70 0.940 0.342 2.747 
26 0.438 0.899 0.488 71 0.946 0.326 2.904 
27 0.454 0.891 0.510 72 0.951 0.309 3.078 
28 0.470 0.883 0.532 73 0.956 0.292 3.271 
29 0.485 0.875 0.554 74 0.961 0.276 3.487 
30 0.500 0.866 0.577 75 0.966 0.259 3.732 
31 0.515 0.857 0.601 76 0.970 0.242 4.011 
32 0.530 0.848 0.625 77 0.974 0.225 4.331 
33 0.545 0.839 0.649 78 0.978 0.208 4.705 
34 0.559 0.829 0.675 79 0.982 0.191 5.145 
35 0.574 0.819 0.700 80 0.985 0.174 5.671 
36 0.588 0.809 0.727 81 0.988 0.156 6.314 
37 0.602 0.799 0.754 82 0.990 0.139 Velid 
38 0.616 0.788 0.781 83 0.993 0.122 8.144 
39 0.629 0.777 0.810 84 0.995 0.105 9.514 
40 0.643 0.766 0.839 85 0.996 0.087 11.430 
41 0.656 0.755 0.869 86 0.998 0.070 14.301 
42 0.669 0.743 0.900 87 0.999 0.052 19.081 
43 0.682 0.731 0.933 88 0.999 0.035 28.636 
44 0.695 0.719 0.966 89 1.000 0.018 57.29] 
45 0.707 0.707 1.000 90 1.000 0.000 oo 


TABLES OF BESSEL FUNCTIONS 
Tables of Bessel functions and modified Bessel functions follow. The table of Jn 
ranges from n = O to 12 for argument Oto 12. The table of modified Bessel functions 


is needed for FM calculations for exponential VCO's (chapter 2c). These are given in 
terms of Log,x as the argument , SO the tables are also useful for Logox- 
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fODIFIED BESSEL FUNCTIONS I, (x) 


Table of x, Log, (x), 


I (Log,x) , 


uast page contains I(x) and I, (x) 


x Log x I, (Log, x) I, (Log,x) 

00— . 0,90000_ ~~ $,00000 ~ 0,06000 
04 0,00693 11,0000! 0,00346 

e @ * e qs 
03 0,920a0 1.00010 =  0,01080 
Ou ~ 0,02773 “A=, 06019 0,01366 
05 0,03466 1,90030 | 0,01733 
0% 1,0415S9 1,00043 0,02€080 
Oy 0,0uase 1,00058 0,02u27 
06 “0,05545, 1,00076 0,02774 
09 0.96239 1,90097 0,03121 
{0 0506932 1200420 0,02468 
11 0.07625 1,00145 0,03815 
{2 —  0,0631K 1,00173 0,041) e2 
13 00,0903] 1,00203 0.04550 
1a 9,097048 1,00235. 0,04858 
15 N,19397 1,00270 0,05205 
6 0,11991 1,00507 0,055S¢a 
17 poe 1,90347 0,05902 
te O,1eu77 1,003A9 0,06250 
19 0.13170 1,904 34 0,06$899 
20 ie 13863 1,0048) 0,06€9u8 
et 0.14556 1,00530 0,07297 
22 0.15249 1,0CS82 0.07647 
23 a see 1290636 0.N79%6 
24 0,16636 1,00693 0,083u6 
25 0,17329 1,9075S2 0,084697 
26 0, ta029 1.998153 0,090u7 
2 O,18755 1,00877 0,09398 
28 0.19408 1,090983 0,09750 
29 O,e 1d; 1,910!e2 0,10104 
$0 0,20795 1,03084 3 ae 3 
31 0; 210Ha 1,01357 0,10806 | 
$2 O,2°161 1,01233 0.11199 
$3 0,22874 103312 O+11Ste 
5. 0,2356? I 01593 0,11665 
5S — 0,24260 1,0147o 0,1te219 
bb 0.20953 4.01562 0.82574 
‘7 0,256u7 1,01651 0.12929 
Y.) 9,26340 1,0!174e O,352au 
9 - H,27053 1,01835 0,1 640 
10 0627726 1.01931 Oe} $996 
Mh 0,28419 1,02929 0,14353 
ie 0.29912 1,021330 O,1aris 
3 0,29806 $,02233 0,15009 
a 0,3nu99 1,02539 6,1S427 
‘§ 0,3t192 1,.924a7 0.15786 
6 9,31A85 1.92557 O,1¢61u6 
? 0532578 1,02671 0, 16506 
B 0.33271 1.92786 O,!68@67 

9 0.33964 1.92904 0.17228 
0 0,3465R 1.03025 0,17$90 
i 0, 35354 1,03148 0,17953 
e 0.36044 1.9ye74 O,88@3l6 
3 0, %o737 1.93402 0,12680 
4 90,3743 1,93533 0.19045 
5 O, SAL 1.9%666 (0,9Ga10 
60" 6, 3BBY mH 1.93802  — 0,15 776 
? 91,3951 $,939409 O,2e03u5s 
e 9.49203 1.Ou%al 0,20510 
9 0, 00896 1,04225 0,20878 
943389 004 seleay 
t 0,42282 1.04519 0,2l1ei7 
2 ~~ 0,42975 ~ £,.94670 0,2194a7 
3 0.43668 1,0482u 0,22359 
4 i aaeaeed 1,04980 0,2e731 
5 9.465955 1.95139 0,23104 
a 7) me ee OY v, 23ar7 
7 0, 4huuy ete 0,25852 
6 Ocurtsa 1295631 0.24227 
q O,u7eo? $e95801 0,74u604g 
0 0,485206 ~ 405972 00,2498} 
i 00,4914 L-Oe%4?7 0.253589 
2 )—t~é<“<t~*é~C ST oa 0.257388. 
3 0,50600 1,06508 0,26118 
) 0,51293 1206686 0, 264909 
5 0,519R6 1,06871 0.2668) 


T, (Log,x) 


x Log,x I, (Log, x) I, (Log,x) 
0.76 0452679 1207059 0.27264 
0,77 0,53373 1,0724u9 0,27648 
0.78 0.54066 1.07442 0,2#032 
0,79 0,84759 1.97636 0,caule 
Lie Xe ileal 0.55452 _  $0078360 «SO, 28805 
0,81 9,50145 1,08037 0,29193 
0,62 0,560a38 1,0a24t ~~~" 0,29582 
0,43 9.57531 1,0a844u7 0,29972 
0,84 0 58235 {08656 SUES 
0,85 0,5893a8 1.08868 0,30756 
0,86 ~~ "0.59631 ~~" 2609083 0,31149 
0,87 0,60304 1.09300 O0,$1543 
0,88 0,60997 1.99520 0.31959 
0,89 0,64690 1,99743 0,32336 
O90 0 hein 1, 09568 to. 03073q. 
0,9) 9,635977 1210196 0.33133 
0,92 0,63770 1.10427 0.33533 
0,93 0, 644643 1,19661 ; 0.33635 
0,94 0.65156 1.10898 0,3u537 
0,95 0.45849 Leo fti37 O,347 a4 
0, % 0,66542a 1,11380 0,351447 
0,97 0.67235 1,11625 0,35553 
0,98 0.67929 1,11872 0.3596! 
0,99 0.68622 —Ve1r2t23 —_—«s— Og 36370 
1,00 0,69315 1.12377 0,3¢76} 
1,01 0,7000a 1.12633 0,37193 
° 70701 1.12892 0.37606 
1,93 Oe7139G ed 5154 0.38020 
1,08 —~—“““0,72087 1,13419 0,34436 
1,05 0.72781 ; 1e13687 0, 3a aS3 
1,06 —O,73u74u ——~—~C B'95H 0,39272 
1,07 0.74167 1+14232 0239692 
: 0,75 en 1,14508 0,40134— 
1,09 0,79553 1.14788 0,4053) 
1,10 0,762u6 1.15070 0.4096! 
fell _007694H = 205356 == BP 
1,12 O,77H33 1,15644 0.41815 
1,13 TRS? 5 1,15935 O,422uu_ 
T,va 279019 1616230. O,u267u 
1,15 eae 1,31652? 0,435106 
116 O,RNuns 1,15827 0.43540 
bt? O,A109R 1,17130 0,43975 
1,1 9,a179? 1ei7ug7 O,udule 
1,19 0,820R5 1,177U6 00,4085} 
1,20 O,a3i7a 1.128059 0,4S293 
{,21 9,AR3AT1 1.183740 0.45732 
1,22 0,8456u be 18693 0, 46376 
$,23 0,a5257 1.19014 0, 46621 
T,2a TRS G60 1,19339 707068 
$425 0,@hbuu _ 1019667 0,U7S}6 
1,26 0,87337 1.19998 —0,47966 
1.27 O4ARo30 1,20332 O,Ueate 
1,28 1,AB724 162%b69 0,u8b7e2 
1,29 0,A9446 1,21909 0,uS3a7 
T,30- 8 0189 3 353 049785 
1.31 0,90R02 1.21699 0,502ua 
1,32 14691496 Lp220u9 0.50705 
1,33 onieie? 1,2240e 0,5116¢8 
1,34 0,92pne2 1,22759  6,51e32 
1,55 0.93575 1,23118 0552009. 
1.36 0694268 Leosue! 065¢Se7 
1,37 09,9496} 1,23847 0,53037 
i +38 0495655 1, 2u2}6 0.53510 
1,39 9,96348 $.2useagy 0.53984 
1.40 9,97nU4 1.24964 0,54460 
1,4} 0,97734 1,2S3ua 0,5493%8 
1,42 0,98u27 1425726 0.554019 
1,43 9,991320 1,26112 _. 0,55903 
1,44 0,99813 1.2650} 0,5¢385 
1,45 1,00507 1,26894 0,5eert 
1,46 1,91200 1,27289 0,57360 
$47 _1,otaosy | 1,276AYy 0.57850 
1,48 1,92586  },2a091 G.5e3u3° 
e499 = 9. NSQ79 ee 0722. ee 0.54836 
1,50 1,03972 1,28907 =, 55 334 
1,51 1,90665 1.29320 0,55a33 
1.52 1.95359 162973? 0.60335 
1,53 1.906052 1230157 0.600838 
° 1,9674u5 1.30580 0,61344 
1,55 1.074348 —$,31007 0,61eS2 
1,56 1,98131 1,334037 0,62362 
1,57 1008820 be SHB7E =O CET 
1,58 ', n9537 1.32309 0,63389 
1,59 ef0214 1,32750 0,65506 
T,6 reese 1,53195 0,64u20 
be ro 12431597 be 33603 0,0409u7 
1,62 1,12290 1,34095 0,6547) 
1,63 1.12983 42,3455) 0,65998 
1,64 Leise7e 1635010 0,6¢S527 
1.65 $.143609 12354673 0.67058 


9a (6) 


IL. (log,x) 
x Log ,x I (Log,x) i$ B5 
1,66 ——"""1,15063 ~ -4,.35940 0,67592 
1.67 1,15756 he Sot 1436410 wr (0,68t26 
1.66 | 1,!o6uu9 1,36684 0.6866? 
1,69 1,17142 == 34,3732 _ 0,65209 
1,70 1.17435 1,3784u4 0,65753 
1,73 1,1AS52R 1,3a329 0,70299_ 
T. 72 1.t%220 1e38818 0,7Ceus 
1,73 1.19915 1,3934! 0,714800 
1,74 1,20608 1,3oH0eH * 0,71¢54 
1,75 P,Prsony 1,a035n9 0,7251} 
1,76 1,21994 1,udaty 0,75070 
1,77 L,Pcee7 1,4) S22 G,730$2_ 
1,78 =e sae CCS SS, Fag 
1,79 1,24074 1,42351 0,74765 
1,80 —~“$,24767 1,42871 0,75335 
1,81 1,25460 1,43395 0.75909, 
T,8f T=. 267S3~——CO™~t~C«S SW 3923 076085 
1,83 1.2684KH == Se uuus5 0,77063 
1,94 ~ 4,27539 ~ 1,40499] 0,77645 
1,65 1,28232 1.45532 0.78229 
1,86  $,2A924 1546976 0,788!7 
1.87 1629649 1>46624 Oo79607_ 
7, 86 1,39312 1,47177 0,80000 
1,89 {,31005. 1.47733 0.80595 
1490 103169 1248294 O,A1495 
1.91 1,32394 1,08859 0,81797 
1,92 ~~" t,330K4 1.49424 0,82c402 
1,93 1.33778 1.50003 0,A3010— 
2 3 TaTy 1,50 0,83¢22 
1,95 1.35164 eae 0,84236 
1.9%6 = 1,35857 1651747 0,84a53 
1,97 1.36550 Me S2S37 0285474 
1,98 1,37243 > 1,52932 0,86097 
1,99 1.37936 1.53530 0,8¢)24 
“ey LD TT. 3630 cy: Tya 0,873546 
2.01 1639323 165474} 0,87987 
2,02 t, 20036 1,95354 0,88624 
2,03 1,49709 1.55970 = 0,89264 
2,04 1,41402 1656591 0,89907 
2,05 1,42095 1,57216 0.90553 
2,% {,42729 1.57846 0,912053 
2,07 1.u3u82 1.SAUA1 == 0, 91 856 
2,98 PeUu175 1959120 0.92512 
2,09 1,404868 1,9976$ = 0,95172 
2,10 alice, P17 amas Ws 6043) 0.93435 
2,11 1.uo2sa Iea10ed =O, gusaa 
5 Pes Ls 1,o1722 0,95172 
2,13 1,57644 Pe62e3a4 — _0,95846 
e.g ~~, u838u SS Bg 3050 0.9¢S524 
2,15 12uUIN2? __ be63722 0.97205 
2Q,$6  —— $, 49729 7 1,64398 0,97889 
2,17 $,S0u43% 1,65079 0,94577 
“2,18 1.51106 1.65764 095269 
2,19 —1¢51799 4 6455 0499965 
ey 520 1,57493 1.67150 —2,00664 
2,et —  1,532R6 _1e57850 == 8, 01367 
2.22 4053879 1068555 102073 
2,23 {,S4572 1.69265 1,027646— 
. 255265 $.69980 1,0349% 
2,25 1,5595A 1.79700 t.0u2l6 
2,26 1.50651 1.71425 1,04938 
2,07 1.57345 1,72155 1,056604 
2,28 1.58038 1.72890 1.06394 
2.29 1658731 1e73630 2097327 
2,350 ~ $,59de24 1,7437' 1.07865 
2,33 LemOlty Ne 75225 _ 2.08607 
2632 1.69810 1.7568! 1,09353 
2,33 1.63503 1,766u} 1,40502 
2,36 Teartay 1.77407 1.10856 
2.355 teh PRON _3e7h178 phe 
a es oy 6 eer 1, 78954 wic376. 
2,357 1,4U27h 1.79730 Np 13145 
2,58 1.60969 1,A0525 1,'5913 
2,39 1,65662 1,81315 14688 
oo aera FCS. —— pins F734 
2,4! 1.67049 1.82916 1.16251 
2,42 LebTlue Le837Qu 1617038 
2,43 1,68435 1,8455%8 1.17830 
e,98 1.69128 1485358 1.14627 
2245 LenB! $,86183 1,194? 
2,56" Fy 70890}, 80 FF 
2,47 1.71208 1.87850 ,21045 
2,48 te71904 —1,88692 1621857 
2,49 1, 72594 1.89539 1,22676 
2,90 1.73287 1290392 1,23499 
29! 1.73980 $.91251 1.24327 
@,90 1, 74473 1.92116 1,.e5160, 
2,53 1,75366 1.92986 1,25997 
2,50 — 2076060 bh adage : 1 2eR39 
2095 Le7A7S3 1e9Q745 4027686 


9a (7) 





og.x IT. (Log.x 
x | Log,x I (Lb 8, ) 1° Bo ) 
2,56 1,770u6 1,95635 1,2€537 
2,97 1,78139 1,96527 1.29394 
@.58 JV, yaass Toa ob ~ ¥,50255 
2.99 : 79525 1594352 PeSti2} 
2,60 »F0248 1,99244 1.31992 
2,61 ee 2.00162 1.329608 
2,62 1.81605 2.01086 1.33749 
2.63 7 A2298 20206 sles ere 
“O,66 0h 2994 2.02953 239525. 
2,65 ees, 2.05895 veces 
2.66 1,au377 5 Sanne 1,373522 
2,67 1eFA S76 2+05799 1238229 
2,68 »fd7oa 2,06760 1,39140 
2,69 1,860457 2,07728 1,40056 
2,70 1,a71590 2.0A702 1,40978 
eel} eee PeQ76U3 e 009682 ve 41905 
2,72 1,88536 2.10669 1,42838 
2,73 1.a9229 e,ilsae 1,4377%6 
2.74 ne eelcboed 1.44719 
2,75 1,90616 2,13668 1,45667 
2,76 Treitoo 2.146R) a T6622" 
2,77 1.92002 2a S704 lew7sal 
2,78 9492695 _ 2016727 = 4, uB5u6” 
2,79 _  ,93388 2517760 1,495)7 
2 80 1,94NMa} 2.18409 1.50493 
2,81 1,9u775 2.198u7 1.51475 
Do 7 aoe 2.20900 1.52463 
2,83 _ 3496761 = 2,21960 _1,53456 
2,84 1.96854 2.25027 1.54485 
2.85, svacice eS 7SaT 2224302 ' 1.55460 
2, 56 1,98249 2.25185 1,5647] 
2,87 1,98933 2eeberth 1,574a8 
2,89 26903eN 2028468 1259539 
2,90 2291083 2.29578 1,60574 
2,9) 2.91706 = = 2, 30694 t,ole14 
2,92 2. 92399 2.31818 1,626o61 
2,73 2.93092 2.37949 16ST IG 
= 090 83 7R5 (2,34088 1,64773 
2.95 (2e96479 7 2635233 1,65838 
2,%6 2,05372 2,36387 1, 66910 
e,97 2,05R65 2.37547 1,67987 
2,98 2.06S5A Oo 3AT15 1.69072 
2,99 2,07251 2,3989} 1,70162 
3,00 2.97904 2,4%074 1.71259 
3,0} 2106637 2042265 1,7¢3e2 
3,02 2,09331 Uy4Hu 1,73a72 
3,93 2.10026 2444670 1,74569_ 
3,94 Se lO717 2euseay 1.75712 
3,05 Crt l dyn 2r471N6 Le 7e@uy 
3,06 2.12103 2,48336 1,77976 
3,07 2417796 2.49573 1,79121 
3,08 2,13u90 2.50819 1,ace7)} 
3.09 20141 B45 2°52073 1.81427 
0S C ee wy 8 2,933 TG 8259) 
3, oll 2.15569 2,5460u 1,a376} 
3.12 Colb262 2eSSERB2 1,84 939 
3.3% 2016955 2°57168 1,8@e123 
3,34 2.17648 2,58462 1,87315 
3,15 2.18302 2.55764 1,eeS13 
Selo 2419035 7 261075 dE =e agnte 
3,17 219728 2,62394 1,90932 
3,18 P,20424 2.63722 1.92152 
3,19 2eaititu 2-65058 1,93379 
3,20 2,21807 2,606403 1,94e44 
3,21 2.22500 ?,67756 1,95856 
¥,22 2.25998 O,69lla 4T,97105 
3,23 fe 2 SKB 2670889 1698363 
3, 2u 2.24580 = = 2,71868 1,99e2? 
3,25 2.25273 2.73256 2,00a99q 
5,26 2425966 2.74653 2,02179 
3.27 2226659 2076059 2,[3uoe 
3,250 3 arss_ e,77u7g ~2,04?oj 
3, 2°29 2 2H OMG | 2.72898 2.06064 
3,50 2028739 2,80330 2.07375 
3,31 2.29439 2,81772 2,08694 
3,32 2,301925 2,8322u 2,10020 
3,53 2.30818 2, AUbRY 2,11355 
3,34 2o31S584 2086354 2216698 
3,35 2,32204 2, 87633 2,14048 
3,36 2.32898 2,091 21 298407” 
3,37 2,33593 2290619 Q,ler7a 
3,38 2.34244 2092126 ee 
3,39 2,30977 2,936u3 219533 
“35,9077 2.35676 2595170 ~ x htege- 
3,4! 2636363 2296706 2.22326 
3.42 2037057 2098282 2623754 
3.430 2 37750 2.99807 2,28152 
3,44 2, 384uy «309373 =i ek eS 78 
3,45 2639936 _ So029ua 228012 














x Log,x I 
89 9 408 5x) I, (Log, x) x Log x I (Log,x) I, (Log,x) 
3,46 22 39A29 Benustu 2.25456 “4,36 3,92212 4.96915 4.05300 
ane rte! 5. ke, Seb e? 2,30908 4937 3492906 499719 u05827 
3,48 2.41015 3,907735 2,3¢369 o, 38 3405899 5, 025u1 Tiobsia 
3,49 2,41909 3,09351 2,334a39 a,39 3,04292 5,05380 4.40929 
3,50 2042602 3e10977 2035347 4,40 3, 098s 5, 082348 WU 13504 
3,51 2, 43295 3,126!13 2, 3¢E0S | 4,41 3,05678 5,t1113 4.36095 
3,52 2.43988 3414260 2.38508 &,42 3,OHt7I ~ §,14006 ———— a 8705 
3,53 eo 4UbA) 3e1S917 2235608 4,43 3,07060 5,16937 4.21326 
3,24 2,4537u 3,1758u 2.41323 a,ad 3407786 3,19647 U,23967 
3,95 2.46067 3.19262 2,4cRu7 G,45 33,0805] 5922795 U 20623 
3,56 2,467 6} 3.2095! 2,44380 Te  3,09Luyg 5e2S76l 6.29297, 
3,57 2,47uSa 3222650 2,45923 a,47 3,09837 5, 28746 4.31987 
rr) S|) ns Oo 2's 1) oes 7k Te 4,48 3,10530 5.31750 Us 3ueg4 
3,59 2, 488un 3,20081 2,49057 eae ee Se Bas 
3,60 2,49533 3.27612 2,50009 u "Sy yoni eed w,40159 
3,61 2.50226 3424555 2,52190 ies Set ee ales Oe Ute: 
i) ee 3+31308 2653780 5 es oe ep aes hss) 
3,63 2,51613 _ 333073 2 55580 uo 5y err er: * eae 4.40486 
3,64 2.52306 3, 30au9 2.56990 ass ee rae 4.51297 
3,65 2452999 3036636 2.52610 a toate pee Os 454125 _ 
3,66 2.53692 3, 38434 2,600240 0.57 acs 2 5256467 4.56971 
3,67 2,543H8 3.49743 = 2, 1860 o Sa oe eee cee 4.59835 
5,68 2+5507A eu 2064 "2465530 a'Se Fgee awe 4,o02717 
3,69 2,55772 = 35, 4 3897 2,65190 nae ee ne 766059 U.65617 
3,70 2.56465 3,45743 2.66860 ae a eee 5269296 4,685 36 
3.71 2.57158 3147596 2 4685u0 =e ere pats 4, T1472 
3,72 2557854 3,09U63 2076234 : gee 2073832 4, 74426 
3,73 2,58544u 3,51 342 2,71932 BOS er09e7 eT ONSE TP GOD 
sr | ocaramumaases Ji 1-1 5 aaa 7.5) aaa oe a face 3.21620 5,f2u5) 480394 
3,75 2459930 355136 2.75366 S,05 3022314 SeaS 792 A S05) 
3,76 2.60624 3,57051 2.77698 b,66 3.25007 5289152 4,864 36 
3477 2061317 3,58977 2.78842 Fad gtd 3423700 5292534 4.89485 
3,78 2.62010 3460916 2,86596 oe Ty 2osoy 5, 95938 GL Ies5e 
3,79 2,62703 3,62867 2,82360 069 86259RG 50 99343 4,95@42 
S40 >> oto, ed a 4,70 3425779 6902809 Ue 9279 
3,81 2.640R0 3.66806 2.85922 Oe7h 3e20473 0b 2T7 5.01876 
3,82 2,64782 3,68794  ~— 2, 87720 u,72 3,27166 6,09767 5.05023 
3,83 2.65476 3470795 2.25529 4.73 3,27R59 613278 S,08189 
3,84 226619 3,72808 2.91349 4,74 3yehSS2 oe leble S.11376° 
3,85 2.66862 3.70834 2.93180 O75 (3,29745 6, 20367 5S,14582 
v,86 8 6TSS5 OSS BT 2.95022 4,76 3.29938 6,23945 5.17809 
3,67 2,6H24R 3,7e9e4 2,.96a76 O77 343963 O2275U6 5.21057 
3,68 2.6894) 3,A0968 2.98741 u.78 3231325 6651169 S.24324 
3,89 2 69b3u 3.83065 ae 020 3 ae ¢,79 3,32018 6, 34814 S,27613 
3490 2+7032A 3085156 3.02505 4,60 3,32711 6238493 5.30922, 
3,93 e,?inesy 3p A 7259 3,04005 mt _ 3o 33404 6042175 _ 534252 
“3.92 2.71714 SeAGS76 3,0¢317 4,52 3,34097 6,45889 5.37603 
3,93 ee FQUOT _ 3e91500 3,08@2400 _$,83 3,34790 6.49627 5560975 
3,94 2.735100 3,9364u9 3,1C176 G, 84 3,35ua3 6553389 5.40309 
3,95 2.73793 3.95805 3,42123 4,85 BeBOl7? beS7T174 5.407785 
34%6 ?.7UURb 3097976 3,14083 4,86 3,36870 6.60983 5.51220 
3,97 2075780 4.00160 3.36054 4,87 3.37563 6064416 5.54678 
3,98 2,79073 4,02357 3,14038 4,88 3038256 6 6AROT2 5.50158 
3,99 _ 2676566 —4,06569 == I, 20086 sl 3,38949 6 72555 5, 61661 
6,00 2.77259 606794 3,22042 090 3.39642 676459 5.65185 
u,0! 2,77952 «8, 09033 = ss 3 24003 ut 3549335 &A0389 5 6F731 
8,02 26 786US B,112A6 3,2¢096 — 4,92 3,41029 6, 84343 5.7230} 
4,03 2.79339 w,135Sa 3,28142 4,93 3,4t722 688522 5.75092 
a,04 2eA0032 4615835 ~ 3,30201 | #996 3,4euls 6092327 5.75506 
4,05 — 2,80725 Hy BE SE ; 3,32272 nll de 3e45108 6096356 _ S.83t4u 
4,0 2,P141RK a,20442 —  3,34357 | Pais $,45An} T,904}2 5, 8e80u 
G07 eRe ttt be22767 3,3¢45a ee 3,u44Qa 7,944} —§,90087 
4,06 2, A2R04G 4.25106 3,38Se4 “ies 3445187 7408597 5.94194 
u,09 2,a34u97 27460 3,9Cea? 5. ares, Terer2e 5697924 
—O,98 PANTO G,29629 Lr ri ys 009 3.46574 7,164R6 6.01678 
oe 2,AR4RAU U,32213 3,00974 
ute 2,R9577 O,3dotl 5,47857 
O,13- 2, P6270. 937025 3,4S3ia 
4,14 2ehb963 4.3Susa 3.51506 
4,15 _?PTbS6 4,u1ede 3.53708 2) 13 (x) 
W,1o 2.4309 G,4U357 3.55625 ae i 
ui? 2, PVNUZ G,ueeie = * 3.50157 0.2 0.0050 0.000167 
4,18 2089736 UruG$23 3.60002 0.4 0.0203 0.00135 
pte __2,90429 4,51828 362661 0.6 0.0464 0.00459 
6,26 2.91t22 U.5u350 3$,64935 0.8 0.0843 0.0111 
4,2t 2.91815 65668 3,o?222 1.0 0.1358 0.0222 
4.22 2.92508 6.5944! 3,609524 1.2 0.2026 0.0393 
0,23 2.93204 4,62030 3, 71860 1.4 0.2876 0.0644 
8,24 2.93895 &,64596 3.74373 1.6 0.3940 0.0998 
Ue25 2,90S8R &y67197 3.76516 1.8 0.5260 0.148 
(426 OeF528| GeO9815 3.78876 2.0 0.6890 0. 
&,27 9 213 
’ 2,95974 4,72450 3,61250 2.2 0.8891 
Wee 2, 65647 w,7510t 5.85640 , . 0.297 
' e 2.4 1.1111 0:407 
u,29 2.97560 We 77764 3,860u4 2 
4, $0 2.98053 4,80452 3.8LUoS “6 14338 0.552 
a,3{ 2.98747 4,83154 3,90898 2.8 1.7994 0.728 
T5328 ya5are 3403507 3-0 2.2452 0.956 
4,33 300153 4, 8860? 3.95812 3.4 3.4495 
4,34 3000826 4.91389 ~~ -3,98298 3.8 5.2323 
4.35 2,01519 G,94428 6.00788 4.2 7.8683 
4.6 11.761 
9a (8) 5.0 17.505 
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Laplace Transform Pairs 


RESISTOR COLOR CODE 


COLOR NUMERAL NUMBER OF ZEROS (Third Band) 


er edie 


Black 0 0 (for 10 ohms to 99 ohms) 
Brown 1 1 (for 100 ohms to 999 ohms) 
Red 2 2 (for 1k to 9.9k) 

Orange 3 3 (for 10k to 99k) 

Yellow 4 4 (for 100k to 999k) 

Green 5 5 (for 1 Meg to 9.9 Megs) 
Blue 6 6 (for 10 Meg to 22 Meg) 
Violet 7 7 (not generally used) 

Grey 8 8 (not generally used) 
White 9 9 (not generally used) 


Silver for fourth band indicates 10% tolerance 
Gold for fourth band indicates 5%Z tolerance 
Any additional bands are reliability code 


BUTTERWORTH POLYNOMIALS (FACTORED TO FIRST AND SECOND ORDER) 


FILTER ORDER: POLYNOMIAL: 
1 (st+1) 
2 (a> Adige At) 
3 (st1) (s2 +s +1) 
4 (s2 + 0.765s + 1)(s* + 1.848s + 1) 
5 (st1) (s2 + 0.618s + 1) (s4 + 1.618s + 1) 
6 (s* + 0.518s + 1)(s2 + 1.4148 + 1)(s2 + 1.9328 + 1) 
7 (Shi) 4-0 4a5e 41)? 107s Sa) G2 & as a 
8 ea + 0.390s + its" + 1.1llls ee Tee + 1.663s + iytar + 1.962s + 1) 


9b (1) 
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LAPLACE TRANSFORM PAIRS [F(s) = f £(t) e > dt] 


0 
£(t) F(s) 
1 1/s 
t 1/s? 
ert | 1/(s-a) 
Cos (at) s/(s?+ a2) 
Sin(at)/a 1/(s*+ a*) 
oP cos (at) (s-b)/[(s-b+ a2] 
t Sin(at)/2a s/(s2+a2)2 
t Cos(at) (s?- a2)/(s2+ a2)? 
Sin(at)/t tan | (a/s) 
§(t-a) e *° (=1 for a=0) 
te?" 1/(s-a)2 


l -as 
| | —e 
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1 
a 
+1 
1 
= Tanh(ps/4) 
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1 | 
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= - ~——— 
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Digital IC's 


INTRODUCTION 


This chapter will be concerned with the base diagrams of various IC and other 
semiconductor components. The reader should become familiar with the various 
common packages for IC's. We will be concerned with the "Round Metal Can" or TO-5 
package, the 8-Pin Dual Inline (DIP) or Mini-DIP, the 14-Pin DIP, and the 16-Pin 
DIP. We will show views from the top. Note that the DIP packages feature a semi- 
circular indentation in one end, and a dot to mark pin 1, while the TO-5 can has a 
metal tab which indexes the highest numbered pin. 


144 13 12 #1110 9 #8 





Mini-DIP 


(Top) 


> Ww Nh > 





LINEAR IC’S 


The two pin configurations for the IC op-amp below are very common and probably 
should be memorized. They use either the TO-5 or the Mini-DIP and the pins have the 
Same numbers in either case. The common pins are: Pin 2 (- in), Pin 3 (+ in), Pin 4 
(- supply), Pin 6 (output) and Pin 7 (+ supply). 


et 


The remaining pins (1, 5, and 8) are either unused, or are used for frequency comp- 
ensation and/or offset null. Below is a list of common op-amps that use the above 
pin configuration which lists the uses of pins 1, 5, and 8. 


OP-AMP TYPE Pin 1 Pin 5 Pin 8 
101, 201, 301 FC ON ON FC FC = Frequency Compensation 
107, 207, 307 NC NC NC 
108, 208, 308 FC NC FC ON = Offset Null 
531 ON ON FC 
536 ON ON NC NC = No Connection 
556 ON ON NC 
709 FC FC FC 
740 ON ON NC 
741 ON ON NC 
748 FC ON ON FC 


A number of dual op-amp configurations are available: 


TAT 





Below are the pin configurations of the CA3080 OTA and the LM3900 CDA. The 3080 is the 
Standard op-amp except for the control pin on pin 5. Note that the LM3900 is given in 
two parts for clarity. The LM3900 has all four amplifiers in one package. 













TIMERS 
The pin arrangement for the 555 
is shown at the left. The 556 
is a dual timer. Its pins are 
listed in terms of the function 
of the 555, as this is the way 
they are most easily related. 
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ARRAYS 


The AD821 is a PNP matched pair. The CA3018 and CA3046 (Also as CA3045 and the 
The CA3019 is a diode array (Chapter 5c) while the CA3096 
The CA3084 is useful as a multiple current mirror (Ch. 5d). 


woes [3018 | 


CA3086) are NPN arrays. 
is a mixed PNP NPN array. 
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CHAPTER 9D 


REPRINT PAPERS 


CONTENTS: 
Introduction 


"Experimental Electronic Music Devices 
Employing Walsh Functions," 
-by Bernard A. Hutchins, Jr. 
Reprinted from J. Aud. Eng. Soc. 
21 #8, Oct. 1973, pg. 640-645 
with the permission of the author 





"Some Notes on the Generation of Sine 
Waves by Walsh Functions' 


INTRODUCTION 


This section is intended mainly so that the individual can insert reprint papers 
of his own choosing. Two papers are being furnished. The first describes an additive 
synthesis system and is a reference for chapter 2b. The second is concerned with the 
generation of sine waves by Walsh functions, but has some calculations in it that should 
be useful for anyone working with systems that generate sine waves by a digital method. 
The paper was available at one time as a lending paper L-066. 


As a guide for what might be inserted here (there is only a limited amount of room), 
the reader can consult the additional references listed in the next chapter, but the 
main guide should be the reader's own needs. 
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Experimental Electronic Music Devices 
Employing Walsh Functions 


BERNARD A. HUTCHINS, JR. 


Ithaca, N. Y. 14850 


The complete orthonormal set of Walsh functions is used to generate periodic wave- 
forms and envelope shapes for an additive synthesis electronic music device. The 
Walsh functions, easily produced by digital circuitry, can be used to generate banks 
of harmonic and nonharmonic waveforms. A second Walsh function generator forms 
the basis of a digital envelope controller which can produce a wide variety of simul- 


taneous envelope shapes. 


INTRODUCTION: Although investigated by J. L. 
Walsh in 1923 [1], the set of functions which now bear 
his mame have not found wide application until recent 
years [2], [3], [4]. Walsh waveforms are rectangular, tak- 
ing on only the values +1 over a basic interval, after 
which the sequence may be repeated to form a set of 
periodic functions. Walsh functions form a complete 
orthonormal set and, therefore, can be employed in wave- 
form synthesis schemes analogous to the Fourier syn- 
thesis methods which employ sines and cosines. The +1 
levels are easily converted to the zero and one levels of 
digital logic, and numerous schemes for the generation 
of Walsh functions by digital means have been suggested 


[5], [6]. 


PROPERTIES AND GENERATION METHODS 


Walsh functions indexed from zero to 2™ — 1 are de- 
fined on a basic interval, such as zero to one, which is 
subdivided into 2” equal segments, where m is an in- 
teger. The functions indexed by 2'—1, where ¢ is an in- 
teger less than or equal to m, are known as Rademacher 
functions, and are actually a set of square waves in 
octaves, starting at +1, and repeating a total of 2‘—1! 
times in the basic interval. The remaining Walsh func- 
tions can be generated from the recursion relation: 


Wal(h)-Wal(k) = Wal(h@k) 


where the notation Wal(j) denotes the Walsh function 
of index j, the symbol (@) represents modulo-2 addi- 
tion (0 @® 0 = 0,0 @61= 1,1 6 0 = 1, and 
1 @ 1 = O), and hk and & are represented by their 
binary equivalents. After converting the Walsh func- 
tions to the zero and one logic levels, the indicated mul- 
tiplication (-) in the recursion relation reduces to modu- 


640 


lo-2 addition [5] (the logical ‘“EXCLUSIVE-oR” function), 
suggesting a hardware generation scheme as indicated in 
Fig. 1 for m = 3. Wal(O) is a constant function. Ex- 
tension of the generation scheme for larger m is straight- 
forward. 


COMPUTER GENERATION OF HIGHER ORDERS 


Generation of Walsh functions of higher index (also 
referred to as higher “sequency” as defined below) is 
facilitated by a computer program employing the al- 
gorithm: 


Step 1: Generation of the square waves in positions 
DS aaa 


Repeat fork = 1,2,3,....m 
Define L = 2™—k 
Repeat forr = 1, 2,3,...2™ 
p=r/L—1/2™ 
If (Highest integer in p)/2 = (An integer) 
Then W(2* —1i,r) = 1 
Else W(2k—1,r)=0 


End 
En 


Step 2: Recursion Relation Implementation 


Repeat for k = 1,2,3,...m—1 
Define S = 2-+1—2k—] 
Repeat for g = 1,2,3,...S 
Repeat for r = 1, 2,3,...2™ 
W(2k+1—q—1,r) = Lif W(2k+1—1, r) 4 W(q,r) 
= 0 otherwise 


End 
End 
End 
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_ [ill 
i YY, 


Ca 


SQUARE WAVE INPUT sr bad ai 


Fig. 1. Digital hardware generation of first eight Walsh 
functions. 


A 2™ by 2” matrix notation, where the rows of the 
matrix are Walsh functions in sequency order, is useful. 
A computer generated Walsh function matrix (W) for 
m = 5 is shown in Fig. 2. 


SAL, CAL, AND SEQUENCY 


Examination of the matrix in Fig. 2 indicates that suc- 
cessive odd and even indexed Walsh functions are shifted 
versions of the same sequence, and the notation Sal(i) = 
Wal(2i — 1) and Cal(i) = Wal(2i) is often used in an- 
alogy with the sine and cosine notation. The concept 
of frequency yields to the terminology “sequency,” de- 
fined as one-half the average number of zero crossings 
per second (zps) [7]. The ordering of the Walsh func- 
tions in sequency order can be regarded in terms of a 
time-normalized sequency, where the Walsh functions 
are defined on an open interval so that one does not 
count the zero crossings at either end of the interval. 
Corresponding Sal and Cal functions have the same Zps, 
and when regarded as periodic functions, they can be 
thought of as differing only by a time delay. 


WALSH-FOURIER SERIES AND DISCRETE 
WALSH TRANSFORM 


By analogy with the standard Fourier series employing 


sines and cosines, a corresponding Walsh-Fourier series 
can be defined [8]. Using a running variable x, 
the series is: 


F(x) = > C,, Wal(n,x) 


n=0 


where 


1 
eo j F(x) Wal(n,x) dx. 
0 


Since Wal(n,x) takes on only the values +1, it not only ) 


breaks up the integral into several subintervals of inte- 
gration, but also effectively moves outside the integral 
sign. For a Fourier series, it would be necessary to inte- 
grate a sine or a cosine times F(x) to obtain the coeffi- 
cients, but for the Walsh-Fourier series, it is only neces- 
sary to be able to integrate F(x). While a smooth curve 
will never be represented completely by a finite series 
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of Walsh functions, a small amount of low-pass filtering 
is usually sufficient to remove the sharp corners of the 
composite waveform. Moreover, many rectangular func- 
tions such as sequences and periodically sampled analog 
signals can be represented exactly by a finite series of 
appropriately timed Walsh functions. Walsh-Fourier co- 
efficients of such discrete sequences are obtainable as a 
matrix product C = WX, where C is a 2™ dimensioned 
row vector of Walsh coefficients, W is the 2™ by 2™ 
Walsh function matrix, as in Fig. 2 for m = 5, and X is 
a 2™ dimensioned column vector of discrete samples. 
This is referred to as a Discrete Walsh Transform 
(DWT). 


FAST WALSH TRANSFORM 


More economical use of computer time can be made . 
by employing the Fast Walsh Transform (FWT) tech- 
nique, derived from the Hadamard Transform and the 
Fast Fourier Transform (FFT) techniques [9]. The FWT 
follows the basic Cooley-Tukey algorithm for the FFT 
[10], but avoids operations with complex numbers. The 
FWT transforms N time-sampled data points into N 
discrete spectrum points. In the case where the N sam- 
ples constitute a periodic waveform, or are the best ap- 
proximation to a periodic waveform one could expect 
from N samples, the spectral points are the Walsh- 
Fourier coefficients that would be obtained from the 
DWT. The reduction in the number of computer opera- 
tions is from approximately N? for the DWT to approxi- 
mately N log.N for the FWI, and the matrix of Walsh 
functions need not be generated at all. A flow graph for 
the Fast Hadamard Transform (FHT) as it fits into the 
overall analysis and synthesis process is shown in Fig. 3 
for the case of m = 3. The FHT yields the Walsh coeffi- 
cients C,, but in a scrambled order. The FWT is ob- 
tained by simply rearranging the coefficients in sequency 
order, the scrambled order being generated by the scheme 
shown in Table 1. 

The scrambled order gives the sequencies of the rows of 
the Hadamard matrix. Both the flow graph and the or- 
dering schemes are easily extended to larger order. 

The FFT and FWY methods suggest possible realiza- 


10100101101001010101101001011010 
01011010101001011010010101011010 
10100101010110101010010101011010 
01010101101010100101010110101010 
Wal(29) 10101010010101010101010110101010 
Wal ar 01010101010101011010101010101010 

210101010101010101010101010101010 


Wal(O) = 22212222222122223223222213112211 
Wal(1) 122211213112112110000000000000000 
Wal(2 00000000111111111121111100000000 
Wal (3 111112311000000001111111100000000 
Wal (4 00001111111100000000111111110000 
Wal (5 41110000000011110000111111110000 
Wal (6 00001211000011111111000011110000 
Wal(7 11210000111100001111000011110000 
Wal = 00111100001111000011110000111100 
Wal(9 121000011120000110011110000111100 
Wal(10) 00111200110000111100001100111100 
Wal(11) 11000011001211001200001100111100 
Wal(12) 00110011110011000011001111001100 
Wal(13) 11001100001100110011001111001100 
Wal(24) 00110011001100111100110011001100 
Wal(15) 11001100110011001100110011001100 
Wal oh 01100110011001100110011001100110 
Wal(17) 10012001100110010110011001100110 
Wal | 01100110100110011001100101100110 
Wal(19) 100112001011001101001100101100110 
Wal(20)} 01101001100101100110100110010110 
Wal(21) 10010110011010010110100110010110 
Wal(22)} 01101001011010011001011010010110 
Wal(23) 10010110100101101001011010010110 
Wal 4 01011010010110100101101001011010 


Fig. 2. First 32 Walsh functions generated by computer.. 
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Fig. 3. Overall analysis-synthesis process showing role of 
Hadamard transform. 





tions of polyphonic instruments, filters, and timbre con- 
trollers by feeding or controlling spectral information 
to the inverse transforms by means of some device such 
as a keyboard. The outputs of the device could be time- 
ordered for an audible output, and the input spectral 
points, roughly representing pitch information, could be 
enveloped “in” at the inputs. 


APPLICATIONS 
Periodic Waveform Generation 


Using the 32 by 32 matrix of Walsh functions, as de- 
fined by Fig. 2, Walsh coefficients can be generated by 
DWT or FWT computer methods. Coefficients for some 
common waveforms are shown in Fig. 4a. Simple opera- 
tional amplifier summation techniques are used to sum 
the appropriate Walsh functions in proportion to their 
coefficients. Although sequency is not correlated with 
subjective musical pitch, the composite waveforms have 
a pitch determined by the basic interval of the Walsh 
functions, unless the composite waveform is specifically 
made to repeat more than once in the basic interval. 
Oscilloscope traces of the Walsh generated sine, saw- 
tooth, and triangle approximations along with the trace 


of the waveforms after passing through a low-pass filter 
are shown in Fig. 4b, Fig. 4c, and Fig. 4d respectively. 
In addition to common waveforms, a wide variety of 
complex periodic waveforms can be easily obtained. 
These, while interesting on an oscilloscope face, are no 
more interesting to the ear than the sawtooth; for ex- 
ample, all periodic waveforms are approximately equally 
boring to the ear. Low-pass filtering by fixed filters can 
be used to smooth the synthesized waveforms over mod- 
erate ranges of frequency. Tunable or voltage-controlled 
filters (VCF’s) can also be employed. 


WALSH HARMONIC BANK 


Although the periodic waveforms are not usable di- 
rectly for music synthesis (unless used with voltage- 
controlled amplifiers (VCA’s), VCF’s, etc., in a typical 
subtractive synthesis system), the Walsh functions can 
be used as a source of separated (albeit Walsh) har- 
monics for additive synthesis. The question of the audi- 
bility of the relative phase of the Walsh harmonic com- 
ponents of a composite waveform arises here; and, in 
general, one must allow for a different timbre depending 
on whether a Sal or corresponding Cal of the same se- 
quency is employed. This is connected with the problem 
of monaural phase [11], and while there are cases where 
the phase difference is not important to tone color, it is 
relatively easy to devise cases where there is a great 
difference that can be heard when played into an open 
room as well as over headphones. In cases where it is 
possible to use less than the full set of 32 Walsh func- 
tions, the number of EXCLUSIVE-OR gates needed for the 
generator can be reduced (from 26 to 18) if only the 
Sal functions are required, and further reduced (from 
18 to 11) if only one function for each sequency (zps) 
is to be used. 


GENERATION OF ENVELOPES 


Walsh functions can be used to generate envelope 
Shapes as well as fully periodic waveforms. In this case, 
a suitable periodic waveform is generated over the basic 
interval, and can be further altered by a predetermined 
delay point. An envelope control circuit advances a 
Walsh function generator from the first segment to a 
predetermined stopping point, defining the attack and 
the sustain respectively. A restart of the generator and 
advance to the last segment defines the decay. Examples 
of two such envelopes for the m = 5 set of Walsh func- 
tions (32 segments) are shown in Fig. 5 for a delay at 
segment 16. 


THE BLOCK PULSES P(16) and P(32) 


In the generation of envelopes, the segment at 16 


Table 1 
a 
Normal 
Order Scrambled 

0 Top is: 0 | remaining numbers: 1 Top is: 1 } {Oo 

l Bottom is: 74 Y 2 Bottom is: i 6 | Z Y 7 

2 ; 3 5 ; 2 3 

3 Center: 14 6 Center: ) 5 4 

4 1 

5 Z+6 

6 2 

7 | 5 
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SINEWAVE SAWTOOTH TRIANGLE 

C, 06637, GysC-2-0000 S(O 500 
Cy 00264 Cz 04500 C5 - 04250 
Cg -0.053 Cy 04250 Cy 04125 
(yz -00127 (yg 06125 = Cg. - 0.063 


Cyo -0.013 C31 0.063 


Oz 0.005 NON-ZERO WALSH 
COEFFICIENTS 

Cos 04026 IN RANGE 0 - 31 

Cag -0.063 











of common wave- 


coefficients 
forms. b. Walsh generated sinewave (top) and with low-pass 
filtering (bottom). c. Walsh generated sawtooth (top) and 
with low-pass filtering (bottom). d. Walsh generated triangle 
(top) and with low-pass filtering (bottom). 


Fig. 4a. Walsh-Fourier 


OCTOBER 1973, VOLUME 21, NUMBER 8 


plays an important role. For example, if an upramp 
reaches its peak at 15 and falls to zero at 16, it 1s an 
attack only envelope. However, such a ramp requires the 
entire available set of 32 Walsh functions and hence, 
formidable summing problems, and would therefore be 
inferior to a point-by-point generation method. The ramp 
peaking at 16 on the other hand requires only nine of 
the first 32 Walsh functions, but is an attack and sus- 
tain envelope. By separating out a block pulse at segment 
16, denoted P(16), and using this as a blanking pulse, 
the attack and sustain envelope may be converted to 
attack only. Similarly, the easily generated downramp 
from segment 17 to segment 32 (decay only) can be 
made sustain and decay by the addition of P(16). P(16) 
is also needed as the signal-to-end attack, while the block 
pulse at segment 32, denoted P(32), is the signal-to-end 
decay and go to a complete rest condition. Furthermore, 
P(16) represents the entire sustain time, and is useful as 
a gate for additional effects on the signal during sustain, 
which otherwise would be a simple periodic waveform 
unacceptable for long sustain time. While P(16) and 
P(32) could be obtained as a Walsh-Fourier series, this 
would require summation of all of the first 32 Walsh 
functions. Fortunately, they are easily obtained from the 
Walsh functions using logic gates as indicated in Fig. 7. 


OVERALL EXPERIMENTAL SYSTEM 


The overall experimental system is shown in Fig. 6. 


PERIODIC WAVEFORM 
0.500 Wal(2) 


40.250 Wal(6) 
#02125 Wal(14) 


40.0625 Wal (30) 


TRIANGLE TRAPEZOIDAL ENVELOPE 


1) 

: 2) 

~0.250 Wal(3) 

40.125 Wal(6) 

-0.125 Wal(7) 
40.0625 ede 
0.0625 Wal(15) 


#0.03125 Harpe 


UPRAMP -0.03125 Wal(31) ATTACK AND SUSTAIN 


Fig. 5. Generation of envelopes from periodic waveforms 
by a delay at segment 16. 


A voltage-controlled oscillator (VCO) is run four oc- 
taves above its normal range. Envelope control signals 
are obtained in conjunction with a sample-and-hold 
circuit, which is needed to store the frequency informa- 
tion during decay, i.e., after a key is lifted and the con- 
trol voltage would normally disappear. Selected Walsh 
function harmonics are obtained from the Walsh har- 
monic bank, which is being driven by the VCO, and 
these are patched into a bank of VCA’s. The VCA’s are 
controlled by various envelopes, and the final set of 
amplitude shaped harmonics is mixed. The output of 
the mixer is then subjected to low-pass or other desired 
filtering by means of the VCF which can track the VCO 
by means of the same control voltage. The system pro- 
vides time dependent harmonic changes similar to those 
obtained by VCF’s using subtractive synthesis. | 


THE ENVELOPE CONTROLLER 


The envelope controller is shown in Fig. 7. The at- 
tack portion of the envelope is triggered by the coinci- 
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Fig. 6. Overall experimental system. 


dence of a key down and a discrete change of control 
voltage. Thus, an attack envelope is initiated whenever 
the VCO changes frequency discretely, and hence a new 
envelope is initiated whenever a different key on the 
keyboard is depressed regardless of whether or not the 
first key is lifted completely first. Initiation of attack 
consists of forcing the generator from the 32 state to 
the first state. Upon completion of the attack, the gen- 
erator is stopped by P(16), and remains there until final 
removal of the key-down signal which forces the gener- 
ator into state 17, where it is advanced by a separate 
decay clock to state 32. It is also fairly easy to alter the 
controller logic so that other modes of envelope timing 
can be obtained. 


THE ENVELOPE SUMMER 


The envelope summer is shown in Fig. 8. By adding 
and subtracting summed coefficients and complete en- 
velopes, seven basic envelopes can be obtained from the 
envelopes of Fig. 5 plus P(16). The envelopes may be 
low-passed to remove the sharp steps. Proper use of these 
envelopes gives some control over both envelope and 





Weld Voltage (To YCO) +5 
SAMPLE~ 
AND-HOLD Keyboard Voltage Ht Efe raToR 
Key Down *5 RECTIFIER ie 
Ga .[ 100 
Giaeeae* = 
ohn 
' ry 
y Ag to Preclear 
KE flip flop #5 


te Preclear 
flip flops 


Mito 





Fig. 7. Envelope controller circuit showing sources of con- 
trolling signals and method of obtaining P(16) and P(32) 
from the Walsh functions. The Walsh functions needed for 
the envelope summer are removed from the decoder. 
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timbre at the keyboard without touching separate con- 
trols. For example, using the trapezoidal envelope, a 
long attack and sustain can be obtained by always hav- 
ing at least one key pressed down; sharp tapping of the 
keys gives rapid transition to the decay state for a piano- 
like decay. By putting one set of Walsh harmonics under 
attack and sustain envelopes, and a second set under 
decay envelopes, the same two playing techniques will 
result in different voices as well as different envelopes. 


NONHARMONIC TONES 


The Walsh harmonic bank as discussed above’ pro- 
duces only harmonic (in the Fourier sense) overtones, 
due to the fact that all the Walsh functions of the bank 
have the same basic interval. The experimental system 
has available several additional provisions for controlling 


Wal(1) 10k 
Wal(2) 22k 
Wal(6) 39% 
Wal(14) 82k 
Wal (30)150k 





P(16) 


Fig. 8. Practical envelope summer. Seven basic envelopes 
are available. More complex envelopes require more of the 
Walsh functions. 


timbre by introducing nonharmonic tones. Modulation 
effects (AM, FM and balanced) can be employed in the. 
conventional manner to produce sidebands, thus altering 
timbre. Also, a second Walsh harmonic bank can be 
driven through a symmetric divide-by-n frequency di- 
vider (where n is not a power of two), or by a separate 
but tracking VCO. In the former case, the divide-by-n 
may be driven by any of the square-wave Walsh func- 
tions from the primary bank, and the resulting nonhar- 
monics analyzed in terms of the frequency ratios of the 
Square waves involved. Alternatively, the secondary bank 
can be driven from any of the more irregular Walsh 
functions. In this case, the outputs of the secondary 
bank will not be Walsh functions but may still be useful 
musically. This latter case is best analyzed in terms of a 
Sequency triggering rate rather than through considera- 
tion of frequency ratios. 


SEQUENCY TRIGGERING RATE 


Suppose for example that Wal(31) is actually a square 
wave of frequency 1600 Hz (sequency 1600 zps). 
Wal(30) will then have a sequency of 1500 zps. If these 
two Walsh functions trigger identical Walsh function 
generators as indicated in Fig. 9, and these generators 
trigger on voltage transitions in one direction only, then 
the average triggering rate is just the sequency. The m = 
> Walsh generator involves divide-by-16 circuitry, the 
divide-by-16 occurring at the Wal(1) output. The se- 
quency of the Wal(1) output of the first generator is 
therefore 100 zps, while the sequency of.the Wal(1) 
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output of the secondary generator is about 93.8 zps. The 
divide-by-16 has in the mean time reduced the irregu- 
larity occuring in the Wal(30) waveform to a point 
where it appears as an error of one part in 16 in every 
sixteenth half-cycle, which may not be audible [12]. This 
is nearly a symimetric square wave of frequency 93.8 
Hz, so the interval between the Wal(1) outputs of the 
two generators is nearly a just semitone. Analysis of the 
higher sequency outputs of the secondary generator be- 
comes increasingly difficult as irregularities are not re- 
duced by high integer division. It can be observed that 
single unit changes in the sequency triggering rate pro- 
duce large changes in tone color. 


600 Hz Square Wave 





Approximate 93.8 Hz 
Square Wave 





100 Hz Square Wave 


Fig. 9. Sequency triggering rate example showing the ap- 
proximation of a just semitone. 


The sequency drive method can be used, followed by 
high-integer division circuits to give relatively pure square 
waves [13] with frequencies proportional to the product 
of the driving sequency and the output sequency. Var- 
ious scales and intervals can be investigated by this 
means. However, the primary interest in the sequency 
triggering rate is for the nonharmonic effects achieved. 


SUMMARY 


The use of Walsh functions permits an inexpensive 
realization of an additive synthesis system through digi- 
tal-envelope control and digital harmonics. A wide va- 
riety of fixed envelopes can be obtained with minimal 
summation circuitry. Generation of both harmonic and 
nonharmonic tones using Walsh function generators 
serves to provide a bank of available waveforms for the 
additive synthesis process. Careful selection and setting 
of amplitudes results in sounds with a relatively strong 
sense of pitch, but the interval of overall periodicity may 
be greatly extended, and this, along with the time de- 
pendent harmonic content of the transients is more de- 
manding on the listener’s ear, and hence more demand- 
ing of the listener’s attention. 
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INTRODUCTION: This paper considers among other things, the degree of approximation 
obtained by using a truncated Walsh-Fourier series to represent a sine wave, and some 
of the effects of the initial phase of the sine waves. 


le By evaluating the Walsh-Fourier series by the standard method, keeping only the 
first two non-zero terms, one gets Cy = 063662 and Ce 2-.26370. Plotting up these 
two terms results in a sine wave approximated by eight segments: 


Cy = Ce 3 0,9003163161 






C) + Co = 063729232285 


~— —_ — owe —— — —_— ~~ 






_ oe _. —_— 


2e AS a second methed for generating an eight segment sine wave approximation, we 
can just sample a sine wave at the center of each interval, and use this value. 
That is, we use the values of the sine function at 224 degrees and 674 degrees. 


The Walsh-Fourier series of 
0.92388 this sampled sine is determined 
from: 






0.38268 







C{ - Ce = 0.92388 
C] + Ce = 0.38268 
S03 Cy z 0.65328 
and: Cx =-0.27060 


3» By finding the least-square error in the first segment, it is possible to find 
the constant level a) such that this error is the smallest. 


~ -_.02707 


sin x 
| EKrror = sin x =- a} 
ey Sane ae | 


Square Error is (sin x - a1)* 





Representing the total error in the first segment by Es: 
| Wi 
i] 
E= J (sinex - 2a) sinx +¢ a,*) dx 
°o 
giving: £ = 0.143 - 0.586 a, * 0.786 af 


taking aE /da, =z 0 gives: a) = 0. 3729232285 


(1) 


Likewise, the level in the second segment for the least-square error is: 
a, = 0.9003163161 


These are the same as the Walsh-Fourier series values. 


4, It is clear that the Walsh-Fourier series and the least-square methods 
give the same result for the sine wave. It is less clear that the sampling 
method is also the same. In fact, the levels for the sampled method are 
proportional to the other levels, but larger by a factor of 1.02617215. Thus, 
the Walsh series methods and the least square methods will place the levels 
in the same relative positions as the sampling method. The sine function and 
the constant levels therefore intersect in the exact middle of the interval. 
Before considering this further, consider the harmonic content of the eight- 
segment sine wave appreximation. 


5. The Fourier harmonic content of Walsh functions can be obtained from the 

same data used to determine the Walsh-Fourier coefficients of sine wave harmonics. 
We are interested in Wal(1) and Wal(5). Wal(1) is easy, since it is just a 
square wave. The Wal(1) waveform therefore contains only odd harmonics, and 

the intensities go as 1/n, where n is the order of the Fourier harmonic. The 
series are: 


a Sin 7x P eovccece 


2 2 2 2 
Wal(1)=--—&- Sin x + 5q7 Sin 3x « —<— Sin 5x ¢ 

_ <2 2 2 
Wal(5)= oe (Y¥2 - 1) Sin x+~—— (2 +1) Sin In+ ee (YZ #1) Sin 5x 


2 
+ eoeo00e8@ 
El (¥2 #1) Sin llx 





-2 . =2 = 
+ ae NZ 1) Sin 7?x+ Sr Ne 1) Sin 9x 


The terms are: 


Harmonic Wal(1 aoe 
3 022122065907 0.5123120295 
> 021273239544 0. 3073872177 
7 009094568176 ~0 03767093482 
9 007073553026 -0.02929961597 
11 0.05787452476 01397214625 
13 004897075172 021182258529 
15 0.04244131815 -0.01757976958 
17 0.03744822190 ~0.01551156140 
19 0.03350630380 009040800520 
21 0.03031522725 0.07318743278 
23 0.02767912053 -0.01146 506712 
25 0.02546479089 ~0.01054786175 
27 0.02357851008 005692355883 
29 0,02195240594 0.05299779615 
31 0.02053612168 ~0 008506340122 


(2) 


6. It is now easy te compute the Fourier harmonic content of the eight segment 
sine wave. We have simply to take C)-Wal(1) ¢ Co»Wal(5), where Wal(1) and Wal(5) 
are represented in terms of their Fourier series. The series is: 


8 
Sx 2-¥2) sinx + s3( 2 -W2 ) sin 7x ¢ soa( 2 WE) sin 9x 


8 (25 ee 
* Taal 2 Y2 ) Sin 15x + Toe 2 N2 ) Sin 17x 


8 8 
* saqal 2 -Y2 ) Sin 23x + Seqet 2 “V2 ) Sin 25x # 2 eee 


The coefficients are: 


Harmonic Fourier Coefficient % Of First Harmonic 
L 0 44748206017 100 
7 0.06783151453 14.28571428 
9 0205275784463 11211111111 
15 0.03165470678 6 «666666666 
17 0.02793062363 5 882352941 
23 0.02064437398 4 347826086 
25 0.01899282406 4 .000000000 
31 0.01531679360 32225806451 
33 0.01438850308 3030303030 
39 0.01217488722 2 6 564102564 
Al 0.01158099028 2 «439024390 
7 0.010102 56599 2 0127659574 
9 0 009690216362 2 0040816326 
55 0.008633101849 1.818181818 
57 0008330185995 16754385964 
63 0.007536834948 1. 587301587 
65 0.007304932334 1.538461538 


7+ The harmonic distortion is calculated in terms of the power, hence as the 


square of the amplitudes above. 


Di, = ( 1/7¢ ¢ 1/9 + 1/152 7 1/17 + 1/23¢ # 1/25¢ toeee 2 / 12 


giving a little less than 23% 


(3) 


8. It can be seen that the three methods in 1, 2, and 3 above give the same result 
for the best appreximation to a sine wave with eight segments. Although not indicated 
above, the requirement of equal areas above and below the level a}, give the same 
result. It is perhaps most surprising that the correct levels fall in the center 

of the segments, as this is obviously not true for a general waveform. 


9. The problem considered above is a special case (eight segments) of the more 
general problem of the digital generation of sine waves. The output of such 

digital waveform generators are the same as those that could be obtained with 

a sample-and-hold and an analog sine wave. Thus, the results of sampling theory 
apply to the output of the digital generator. The above system would have a 
sampling equivalent where the sampling frequency is eight times the signal frequency. 
The spectrum of such a sampled waveforn)*just the fundamental, the sampling frequency 
plus or minus the signal frequency, the sampling frequency plus or minus twice the 
Signal frequency, etce This is consistent with the above results. The overall 
problem is treated by Y. Neuvo in "The Application of Digital Techniques to a VOR 
Signal Generator" in IEEE Trans on Aerospace and Electronic Systems, Vol AES-9, Noel, 
Jan. 1973. His results show that if wsis the sampling frequency, and “, is the 
signal frequency, the amplitude of the fundamental is given by: 


rGse)| = seamen 


and the amplitude of the higher harmonics are given by: 


ly (j(k we w]| = 1X5) Sa k= ly2p35 0 « © 


The harmonic distortion can be determined as in 7 above, or by the approximate 
formula: 


Dag = giving 22.7% for eight segments 


x 
3 Ws/M% 


The above figure for distortion applies to infinite precision for the setting of 
the amplitude levels. When the levels are quantized, additional distortion appears. 
For N discrete levels, the distortion is: 


Ds i 
Ve N 
Additional references are: Ojala et al, "Digital Sinewave Reconstruction for 
Generating Analog Waveforms" Electronic Engineering, March, 1973, and A. Davies, 


"Digital Generation of Low Frequency Sinewaves" IEEE Trans. on Instru. and Measur. 
Vol. IM-18, pp. 97-105, June, 1969. 


10. Modulation of the generated sine wave is usually done by an external method. 

F.M. would be generated by varying the driving frequency to the Walsh generator. 

A.M. would best be done on the output waveform from the generator. Voltage-Controlled 
Oscillators and Voltage-Controlled Amplifiers would handle these functions. A 

voltage controlled Phase Modualtion system is developed below. 


(4) 


The sine wave was generated from a Walsh-Fourier series starting with 
Wal(1) and Wal(5), the coefficients being C1 and C5. Evidently the series 
beginning with -C] and “Cs gives -sine A corresponding series using Wal(2) 
and Wal(6) can be used to generate cosines, that is, sine waves out of phase 
with the first sine wave. In particular, Co = -0.637 and C6 = -0.264 gives 
the cosine, and Cp and Cé give the -cos. The sinusoidals of arbitrary phase 
can be generated as a combination of the Wal(1), Wal(5), Wal(9)eee. series 
(the odd ordered Sal's) and the Wal(2), Wal(6),Wal(10) eee. series (the odd 
ordered Cal's). This is similar to the process of generating an arbitrary 
periodic function of arbitrary phase using a combination of sines and cosines. 
If the delay of a sinusoidal is defined by a phase angle @, then the coefficients 
are given in terms of the coefficients of the normal sine,C,(0), by the following 
relations: 


C;(@) = C1(0) Cos 6 Co(@) = C,(0) Sin @ 

C5 (@) = Co(0) Cos @ C6(@) =-C5(0) Sin @ 
Cg(@) = Cg (0) Cos @ C10(®) = Cg(0) Sin @ 
C13(@) = C13(0) Cos @ C14(@) = -C3(0) Sin @ 
C17(®) = C7(0) Cos @ C1g(@) = Cy7(0) Sin 6 
Co1(@) = Co1(0) Cos @ Coo(@) ==-C21(0) Sin 0 
C25(@) = Co5(0) Cos @ Co6(8) = Co5(0) Sin 6 
Co9(@) = Cz9(0) Cos 6 C39(@) = -C29(0) Sin @ 


The first eight if these terms are shown plotted on the next page. For the 
moment, the variation of these coefficients with the Sin of Cos of @ can be 
regarded as an empirical observation. The application of these results to 
the design of multiphase oscillators is fairly obvious. Suppose also that 
@ quadrature sinusoidal oscillator is designed by the above or other methods, 
and this is employed to vary the Walsh coefficients of a second generator. 
The result would be a form of phase modulation. A possible setup is indicated 
below: CG (0) 
Wa (1) aX : 

C7 (0) Phase 


Oe os x C5 (0 Modulated 
Wal(5) xX (0 Out put 
Wal(6) 

~ Wal(9) 
va) "77 cso) 
Wal(13) : 

Wal(14) 








It is interesting to examine the phase modulation system above as it might 
be driven by the following modulator, composed mainly of triangle to sine convert- 
ers: 





TRIANGLE TO SINE 
Requiring a 1 volt 
peak for full sine 






=f 
TRIANGLE TO COSINE 
Requiring a 1 volt 
peak for full cosine c 


To phase shift the output by an angle 6, it is necessary to provide the functions 
sin ®, -sin @, and cos @ When ®@ is a linear function of time @ zwt, we need 
sinw't, -sinuw't, and cosw’t. The phase angle of the output sinusoidal will there- 
fore be f(t) = w'te 

Suppose first that the triangle generator is providing a signal with a peak 
less than 1 volt. The sine converter will put out a sine from 0 to some max angle 
8 , where 8 < 360°. It will then reverse, go to sin(-@ ), return to 0, and repeat. 
The phase of the output sinusoidal will have the same phase ® . In the general case, 
where the input to the triangle to sine converters may be any function, the output 
phase will follow the input voltage. 

The above system provides a voltage controlled phase (linear with the voltage) 
and the essential feature is that the trig functions do reverse direction and 
return. An example of this process is shown in Fig. A, for a signal phase medulated 
to a maximum of 45° at a frequency 4 the frequency of Wal(1). The output waveforn 
is irregular, and levels are not constant within the segments since the trig functions 
are constantly changing. The phase shift is evident however, even in the case where 
only four Walsh functions have been employed. Driving the triangle to sine convert- 
ers to 1 volt will result in a 360° phase shift, and larger shifts would be possible 
if the triangle to cosine converters could keep up. However, while there is only 
one voltage of the output sine corresponding to a given voltage of the triangle, 
there are two voltages for the cosine, and this would require additional circuitry, 
perhaps even to drive the cosine converter beyond 90°. 

Continual generating systems for sines and cosines are of ceurse the rule 
rather than the exception, and a sinewave generator with a 90° phase shift network 


is perhaps the best example: 
a ie 
sinewave ; . 
Generator | 
90 Degree ‘ 
Phase Shift 


Here, the phase shift g(t) is continually changing, ¢(t) zew't , a linear function 
of time. The delay in phase is therefore continually changing, and the result is 
a constant shift to a lower frequency. Such a response is shown in Fige Be The 
frequency of Wal(1) is shifted down by the frequency of the modulating signal. 
The system is perhaps better described as a frequency shifter rather than a phase 
nodulator. 
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FIGURE "A" 
@- 45 | | a = 
VOLTAGE CONTROLLED PHASE SHIFT 
PHASE MODULATION SYSTEM 
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Phase Modulator as a Frequency Shifter 
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APPENDIX A: The equivalence of the least Squares, Equal Areas, and Walsh Methods: 
LEAST SQUARE ERROR METHOD: The error is f(x) - a ,, and the square error is: 
FRY? 










Es C (f(x) - 2a,f(x) + ay“) dx 
re) 


1 
1 
qdB gg “2 \'t(x) qx + Za) 4 [j-----—--f —- — 5 
da) Oo 
| 1 
setting dE/da] = 0 gives: a) = { f(x) dx | my 
fe) 


Ap = om f(x) - a,) dx 
Xx} 


xy 1 
setting A, = A, \ f(x) dx + \ 
Oo x7 





1 
gives: a, = \ f(x) dx 
) 


WALSH FOURIER SERIES METHOD: 
Consider the first segment, the level in the first segment is: 
a) = Co - Cc] # co - C3 -t ce 0©@ © @ © © @ @ Con 
Where the c's are the Walsh Fourier coefficients, and the ¢ and - 
alteration of sign can be seen to result from the sign of the 


Walsh function in the first segment. An example matrix for n = 3 
is indicated below at the right. 


ay = Co C17 ~ Ce @ « 
1 1 
" j f(x) Wal(0,x) dx ¢ ( f(x) Wal(1,x) dx 
Oo Oo 


1 
- ( f (x) Wal(2,x) dx @e eee 
0 


1 
= ( f(x) (Wal(0,x) # Wal(1,x) - Wal(2,x) + 
) 


a aoe 
lil 
A ae 2 
1-1 


lel-1 1 lel-l 
el 1 lel-1 1 1l-l 
del-1 l-1 1 1-1 
el l-1 1 1-1 1-1 
lel 1-1 1-1 1-1 


Wal(3,x) - seeer dx 


( frem here, use n=3 as an example ) 
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1/8 
a = \ f(x)(le#¢leleleleleileil) d& 
fe) 
1/4 
ay f(x)(l*lelel-l1l-+1-+1-1) a 
roy lel-le#l-1+1-+1) da 
+t eseevesesencoe x - + - + - + - 
7/8 


The elght ones within each integral are actually the inner products of 
the first column (a column vector) and the colum corresponding to 

the segment represented by the integral. Except for the first segment, 
the one we are considering, the pluses and minuses cancel. 


1/8 
Therefore t a, = 8 \ f(x) ax 
) 


Except for normalization, this is the same as the results in the first 
two caseSe 


APPENDIX B: The Phase Angle Dependence of the Walsh-Fourier Coefficients: 


The derivation of the formulas on page 5 is straightforward. 





C) (@) 


Ce2TT 
\ sin(- @) Wal(1,%) de 
) X20 of=6 






Oe2TT 
\ (sinxcos 6 = cos&sin @) Wal(1,%) doc 
) 


T) 


O*e2TT Oe2TT 
cos @ \ sin%Wal(1,%) de - sin 0 \ cos &Wal(1,%) dot 
] 6 


limits on integrals can now be changed to any interval of 
length 2W since both functions under the integral sign 
run parallel in their independent variable. 


zu aw 
cos | sineeWal(1,%) d& - sin @ \ cosh Wal(1,m%) dot 
0 


The second integral is the product of an odd and an even function 
and therefore the integral is zero. 


C, (6) = cos 6 C)(0) 


For Co(@), replace Wal(1,%) above by Wal(2,%), the first integral then 
becomes zero, and the integral of cos%Wal(2,) is opposite in sign to 

the integral of sin%Wal(1,%) so Co(8) = sin @ C](0). Likewise, Cs = 

cos 6 05 (0), and C¢(@) = -sin @ C5(0), the integrals of coseWal(6,0) being 
of the Same sign as the integral of SincLWal(5,0C), i.e. “in phase" unlike the 
case of C2(@). The other coefficients follow in the same Way 
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